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ABSTRACT
Development and Validation of an Automated Directivity Acquisition System
Used in the Acquisition, Processing, and Presentation of the
Acoustic Far-Field Directivity of Musical Instruments
in an Anechoic Space
Nicholas J. Eyring II
Department of Physics and Astronomy, BYU
Master of Science
A high spatial resolution acoustic directivity acquisition system (ADAS) has been
developed to acquire anechoic measurements of the far field radiation of musical instruments
that are either remote controlled or played by musicians. Building upon work performed by the
BYU Acoustic Research Group in the characterization of loudspeaker directivity, one can rotate
a musical instrument with sequential azimuthal angle increments under a fixed semicircular array
of microphones while recording repeated notes or sequences of notes. This results in highly
detailed and instructive directivity data presented in the form of high-resolution balloon plots.
The directivity data and corresponding balloon plots may be shown to vary as functions of time
or frequency. This thesis outlines the development of a prototype ADAS and its application to
different sources including loudspeakers, a concert grand piano, trombone, flute, and violin. The
development of a method of compensating for variations in the played amplitude at subsequent
measurement positions using a near-field reference microphone and Frequency Response
Functions (FRF) is presented along with the results of its experimental validation. This validation
involves a loudspeaker, with known directivity, to simulate a live musician. It radiates both
idealized signals and anechoic recordings of musical instruments with random variations in
amplitude. The concept of coherence balloon maps and surface averaged coherence are
introduced as tools to establish directivity confidence. The method of creating composite
directivities for musical instruments is also introduced. A composite directivity comes from
combining the directivities of all played partials to approximate what the equivalent directivity
from a musical instrument would be if full spectral excitation could be used. The composite
directivities are derived from an iterative averaging process that uses coherence as an inclusion
criterion. Sample directivity results and discussions of experimental considerations of the piano,
trombone, flute, and violin are presented. The research conducted is preliminary and will be
further developed by future students to expand and refine the methods presented here.

Keywords: far-field directivity, frequency response function, musical instruments, anechoic,
violin, flute, trombone, harmonic partials, Carl F. Eyring Science Center, automated directivity
instrument

ACKNOWLEDGEMENTS
My Great-Grand Father Andrew and his brother Carl F. Eyring: The stories I heard about
you as a boy inspired me to become a physicist regardless of the challenges and criticism I would
encounter in life. Their nephew Henry and the sound advice he gave regarding science and faith.
My Grand Father Wendell who told me stories of Andrew, Carl, Henry, and Harvey. My mother
who gave needed emotional support. My Father who is the only one who could help me align the
arc and chair. My wife who played the flute and understands what it means to be married to an
Eyring. Marcus Anderson the student trombonist. Brittany Williams Willey my brother’s friend
who with a few days’ notice was willing to come play her violin for several hours. My brother
Nathan, who was instrumental in designing and building the arc. Drs. Leishman, Gee,
Sommerfeldt for all they taught me. Dr. Strong who gives more than what can be reasonably
asked.

Table of Contents
List of Figures ........................................................................................................................ viii
List of Embedded Multi-Media ............................................................................................... xi
List of Tables .......................................................................................................................... xii
Chapter 1

Introduction ........................................................................................................... 1

1.1.

Overview ................................................................................................................... 1

1.2.

Background and Significance ................................................................................... 2

1.3.

Scope ......................................................................................................................... 3

1.4.

Chapter References ................................................................................................... 5

Chapter 2
2.1.

Acoustic Directivity Acquisition System .............................................................. 8
Experimental Apparatus............................................................................................ 8

2.1.1.

Microphone Arcs ............................................................................................... 8

2.1.2.

Rotation System ............................................................................................... 10

2.1.3.

Data Acquisition System ................................................................................. 12

2.2.

Software Interface ................................................................................................... 14

2.3.

General Experimental Methods .............................................................................. 16

2.3.1.

Calibration ....................................................................................................... 16

2.3.2.

Procedure ......................................................................................................... 17

2.3.3.

Data Processing ............................................................................................... 18

2.4.

Conventions ............................................................................................................ 19

2.4.1.

Spherical Coordinate Convention.................................................................... 19
iv

2.4.2.
2.5.

Balloon Plots.................................................................................................... 19

Chapter Reference ................................................................................................... 21

Chapter 3

Theoretical Source – Capped Sphere .................................................................. 22

3.1.

Theory ..................................................................................................................... 22

3.2.

Experiment .............................................................................................................. 23

3.3.

Results, Analysis, and Discussion .......................................................................... 24

3.4.

Chapter Reference ................................................................................................... 26

Chapter 4

POMA - San Diego: “Methods for automating multichannel directivity

measurements of musical instruments in an anechoic chamber.”........................................... 27
4.1.

Paper Abstract and Author Information .................................................................. 27

4.2.

Introduction ............................................................................................................. 28

4.3.

Methods................................................................................................................... 29

4.4.

Results and Analysis ............................................................................................... 34

4.5.

Conclusion .............................................................................................................. 37

4.6.

References for Manuscript ...................................................................................... 39

Chapter 5

POMA – San Francisco: “A method for obtaining high-resolution directivities

from the live performance of musical instruments.” .............................................................. 40
5.1.

Paper Abstract and Author Information .................................................................. 40

5.2.

Introduction ............................................................................................................. 41

5.3.

Experimental Setup ................................................................................................. 41

5.4.

Method for Compensation of Varying Dynamics ................................................... 43

5.4.1.

Theory.............................................................................................................. 44

5.4.2.

Methods ........................................................................................................... 45
v

5.4.3.

Results ............................................................................................................. 45

5.4.4.

Analysis and Discussion .................................................................................. 50

5.5.

Instruments .............................................................................................................. 51

5.5.1.

Trombone......................................................................................................... 51

5.5.2.

Flute ................................................................................................................. 54

5.5.3.

Violin ............................................................................................................... 56

5.6.

Conclusions ............................................................................................................. 58

5.7.

References for Manuscript ...................................................................................... 59

Chapter 6

JASA-EL-Manuscript: “High Spatial Resolution Acoustic Directivities from

Harmonic partials of a Played Trombone” ............................................................................. 60
6.1.

Paper Abstract and Author Information .................................................................. 60

6.2.

Introduction ............................................................................................................. 61

6.3.

Methodologies for Acquiring Trombone Directivities ........................................... 62

6.4.

Methodology for data processing and generation of Normalized Directivity

Balloon-Plots ...................................................................................................................... 65
6.5.

Constructing Composite Directivities ..................................................................... 71

6.6.

Conclusion .............................................................................................................. 75

6.7.

References for Manuscript ...................................................................................... 77

Chapter 7

Conclusions ......................................................................................................... 79

7.1.

Why are we measuring the musician? .................................................................... 79

7.2.

What was missing? ................................................................................................. 80

7.3.

What was my contribution to the field? .................................................................. 81

7.4.

My suggestions to future researchers. ..................................................................... 83
vi

7.5.

Overall..................................................................................................................... 85

7.6.

Conclusion References............................................................................................ 86

Bibliography ........................................................................................................................... 87
Index ....................................................................................................................................... 90

vii

List of Figures
Fig. 2.1 Photos of 37 microphone arc array and rotation system with musicians chair. Arc radius
2.13m (84”). Microphone radius 1.81 m (71.5”). Microphone Diameter 12.7 mm (½”). ........... 9
Fig. 2.2 Schematic of musician rotating system. Four arms reach out to the stanchion supports
while the chair rests on a rotation mechanism that allows for centering any part of the
instrument about the center of rotation. Two foot rests are able to swivel to suit the feet
placement of the musician. ........................................................................................................ 11
Fig. 2.3 Photo of musician rotating system and microphone arc. The microphone arc is seen in
the background descending below the cable floor. The chair configuration featured above is for
a violinist with the long axis of the violin lining up with the adjustable horizontal support arm
of the rotation system. The adjustable foot rests can be seen with a musician operated
footswitch present on the side right foot rest. (Top Right Circle) One of the reference
microphones is attached to the end of a microphone boom arm.(Bottom Left Circle) The other
two reference microphones can be seen resting on the chair and are attached to the musician
and instrument. (Top Left Circle) The musician was also wearing an intercom head set that can
be seen resting on the back of the chair. .................................................................................... 12
Fig. 2.4 Photo of data acquisition system and control room connectivity. A PXI-1045 chassis
with 40+ input channels is connected to the chamber BNC patch panel. Stimulus signals can be
routed via BNC, XLR, or speakON. .......................................................................................... 13
Fig. 2.5 CEDI software interface Front Panel. Plugin Architecture allows for DAQ and Motion
systems to be custom designs and loaded at runtime................................................................. 15
Fig 2.6 (a) Auto-Spectra Reconstruction (b) Coherence Balloon Plot (a) FRF Reconstruction (d)
Averaged Coherence and PSD. This layout is the template for the animations. ....................... 20
Fig. 3.1 Photograph of the metallic sphere with a mounted loudspeaker driver. ......................... 23
Fig. 3.2 Narrowband data of the spatial and area-weighted spatial standard deviations of the
differences between the measured and theoretical directivities of the sphere. .......................... 25
Fig. 4.1 Measurement Sphere showing the 2664 measurement points. The poles are repeated
measurement locations giving 2522 unique measurement positions. ........................................ 29
Fig. 4.2 Photos of Yamaha Disclavier Mark IV series concert grand piano in anechoic chamber.
(Left) A red curved line indicates the position of the arc. A red circle shows the position of a
reference microphone. (Top Right) The red circle shows the position of reference microphone
with respect to edge of the open piano. (Bottom Right) A full view of piano body with
microphone arc in the background............................................................................................. 31
Fig. 4.3. Note amplitude decay in time for three measurements (dB ref 20 μPa) . Insert: Solenoid
generated sound that can be used for triggering (Pa)................................................................. 32
viii

Fig. 4.4 Piano tuned in chamber using memory-equipped electric piano tuner. .......................... 33
Fig. 4.5 Directivity balloon plot of grand piano playing W. A. Mozart, Piano Sonata No.16 in C
major, Allegro, K.545. ............................................................................................................... 35
Fig. 5.1 Photo of musician rotating system and microphone arc. The microphone arc is seen in
the background descending below the cable floor. The chair configuration featured above is for
a violinist with the long axis of the violin lining up with the adjustable horizontal support arm
of the rotation system. The adjustable foot rests can be seen with a musician operated
footswitch present on the right side foot rest. (Top Right Circle) One of the reference
microphones is attached to the end of a microphone boom arm.(Bottom Left Circle) The other
two reference microphones can be seen resting on the chair and are attached to the musician
and instrument. (Top Left Circle) The musician was also wearing an intercom head set that can
be seen resting on the back of the chair. .................................................................................... 43
Fig. 5.2 Averaged standard deviation from repeated measures of Mackie HR824 and Horn
Driver with random source amplitudes...................................................................................... 46
Fig. 5.3 Horn: Narrowband data of the spatial standard deviation of the difference between FRF
and PSD reconstructions. ........................................................................................................... 47
Fig. 5.4 Horn: Narrowband data of the area-weighted spatial standard deviation of the difference
between FRF and PSD reconstructions. .................................................................................... 47
Fig. 5.5 Horn: Narrowband data of the spatial standard deviation of the difference between
constant amplitude and angle varying random amplitude FRF reconstructions........................ 48
Fig. 5.6 Horn: Narrowband data of the area-weighted spatial standard deviation of the difference
between constant amplitude and angle varying random amplitude FRF reconstructions. ........ 48
Fig. 5.7 Horn: Spatial standard deviation of directivities reconstructed from broadband and
anechoic recordings of trombone chromatic scale. Percent of Sphere Reconstructed indicates
what percent of measurement locations had good coherence. ................................................... 49
Fig. 5.8 Horn: Spatial standard deviation of directivities reconstructed from broadband and
anechoic recordings of trombone chromatic scale. Percent of Sphere Reconstructed indicates
what percent of measurement locations had good coherence. The standard deviation was
calculated ignoring measurement locations with poor coherence. ............................................ 49
Fig. 5.9 Photo of the trombonist sitting in rotation system. ......................................................... 52
Fig. 5.10 Trombone partials from a played A♯4 (466.2 Hz) (FRF) ............................................. 53
Fig. 5.11 Photo of the flautist sitting in rotation system............................................................... 54
Fig. 5.12 Flute Partials from a played F♯4 (369.994 Hz) and G6 (1567.982 Hz) (FRF) ............. 55
Fig. 5.13 Photo of the violinist sitting in rotation system............................................................. 56
Fig. 5.14 Violin open-string partials. (FRF) (G3:196 Hz, D4:294 Hz, A4:440 Hz, and E5:659
Hz) ............................................................................................................................................. 57
ix

Fig. 6.1 Microphone arc and musician rotation system with trombone player present. ............... 63
Fig. 6.2 a) Normalized 𝐻𝐻𝐻𝐻. (b)Oriented trombone image. (c) Normalized 𝐺𝐺𝐺𝐺𝐺𝐺𝐺𝐺. (d) Coherence
sphere 𝛾𝛾𝛾𝛾𝛾𝛾2𝑓𝑓. (e) Overlays of normalized spatial average of coherence (0 to 1) and 𝐺𝐺𝐺𝐺𝐺𝐺𝐺𝐺. .. 68
Fig. 6.3 Comparison of the directivities of partials from different fundamentals. ....................... 70
Fig. 6.4 Overlay of the spatial averaged spectral densities of A♯2, A♯3, A♯4 and A♯4 fff.......... 72

x

List of Embedded Multi-Media
Mm. 3.1 This animation shows how the measured sphere data compares to the theoretical model.
At low frequencies there is good agreement. As the frequency increases the similarity lessens.
................................................................................................................................................... 24
Mm. 4.1 This animation demonstrates how a complete measurement sphere is obtained through
progressive recording at each 5° measurement location............................................................ 30
Mm. 4.2 Time evolution balloon plot of a concert grand piano playing a chromatic scale. ........ 36
Mm. 4.3 Time evolution balloon plot of a concert grand piano playing a chromatic scale as
viewed from the top. .................................................................................................................. 36
Mm. 4.4 Time evolution balloon plot of a concert grand piano playing a selection from W. A.
Mozart, Piano Sonata No.16 in C major, Allegro, K.545. Overall SPL is represented in the
radial axis with the maximum value occurring at the surface of the sphere. ............................. 37
Mm. 4.5 Time evolution balloon plot of a single note played by a flute. Overall SPL is
represented in the radial axis with the maximum value occurring at the surface of the sphere. 38
Mm. 6.1 Animation of several trombone partials which demonstrate how the FRF reconstruction
compensates for amplitude variation. ........................................................................................ 68
Mm. 6.2 Animation of composite step 1. Coherence Threshold of .9995. .................................. 74
Mm. 6.3 Animation of composite steps 2-5. Changing coherence threshold............................... 74
Mm. 6.4 Animation of completed composite directivity of trombone from measured partials.
Incomplete due to number of notes actually measured.............................................................. 75

xi

List of Tables
Table 4.1 Data Requirements ................................................................................................. 34
Table 6.1 Comparison of the spatial standard deviation of the difference in harmonic partial
directivities........................................................................................................................ 69

xii

Chapter 1
Introduction
1.1.

Overview

High-resolution far-field source directivities are useful in areas of both theory and application.
Part of the acoustic research performed at BYU centers on investigating the directivities of
regular polyhedral loudspeakers. This research has application in the field of architectural
acoustics, where room simulations predict the performance characteristics of loudspeaker
systems. The directivities of loudspeakers are readily measured and widely used in commercial
software. Also of interest are the directivities of played musical instruments. The directivities of
musical instruments are not readily available and often simulated using either an omnidirectional
source or other predefined pattern. Live musicians present several challenges for experimental
measurement, including playing consistently and reproducibly as well as inherent spatial
variance at different angular measurement positions when the instrument is held by the musician.
This thesis aims to provide an overview and validation of an acoustic directivity acquisition
system (ADAS) which implements a technique that allows fluctuations in played amplitude
while still obtaining accurate directivities. It will also further develop the use of coherence maps
as tools in establishing directivity confidence. It will begin with a description of the experimental
apparatus and general experimental methods and considerations. Next, a treatment of an
amplitude compensation method using frequency response functions and its experimental
validation will be outlined. Further validation of ADAS will be illustrated using horn and
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cap/sphere sources. Finally, a brief description of the methods and results of ADAS used for the
measurement of trombone, flute, and violin will be provided.
1.2.

Background and Significance

Publications about the directivity of musical instruments appear as early as Olson’s book “Music
Engineering.”1.1 The last 60 years have seen an increase in the published works concerning the
directional characteristics of musical instruments. Jürgen Meyer, in 1972, published the first
edition of his book “Acoustic and Musical Performance,” which included a chapter
characterizing the directivities of various musical instruments, commenting on the importance of
understanding how these instruments radiate and interact with other sources in performance
situations.1.2 Advances in recording techniques with first magnetic tape and then fully digital
recording systems enhanced the methods available for producing source directivities.1.3, 1.4, 1.5, 1.6
High-resolution loudspeaker directivity data are now used with simulation software to
predict the performance of sound systems in rooms. However, the same quality of data has not,
until recently, been available for the research and simulation of musical instruments in rooms.
Research over the past decade has thus aimed at capturing a more complete picture of sound
radiation from instruments as well as the musician influences on the radiated fields.1.7 A number
of researchers have employed spherical microphone arrays. 1.8, 1.9, 1.10, 1.11 Others have emphasized
directional effects on synthesis1.12, 1.13, 1.14 or interactions with performing spaces.1.15, 1.16, 1.17
There are a number of unpublished papers that bear on directional radiation. For example in
2010, Pätynen and Lokki 1.14, 1.18 obtained directivities through an array of 20 microphones
arranged in a dodecahedron vertex pattern around musicians in an anechoic chamber. They
performed measurements for every major symphonic instrument. Recent research involved
obtaining measurements of the violin using a live musician for use in sound synthesis. 1.12 Study
2

of the acoustic radiation of harps performed by Carrou et al.1.19 used an array of 35 1/4-inch
microphones situated along an arch, which was rotated by 18 10° steps, with the performer
present while the string was excited by a mechanical shaker. The analysis included a
representation of the harp sound board and strings as equivalent sources, the correlation between
the sources, and an explanation of how these equivalent sources impact the directivity of each
string partial in the far field. Drawbacks to this method include the lack of a live performance
and spatial resolution comparable to that obtained for loudspeakers.
Directivity measurements have varied in method and effectiveness. Some were limited by
lack of angular resolution, some by lack of live performers, and some by both. When excluding
the live musician, spherical measurements are comparatively easy. However, with the
introduction of the musician, the researcher must choose which variables to control and which to
relinquish to measurement error and uncertainty.
A primary limitation in any setup is the number of available microphones. Principal
concerns include cost, measurement complexity, and the introduction of scattering from the
microphone apparatus. A fixed element spherical array of microphones may give a limited
insight into the far-field radiation of an instrument while suffering from poor resolution. Using
an arc array of microphones with sequential measurements as the arc or musician is rotated
allows for high-resolution results, but suffers from the variability associated with having the
musician repeat the same action with each rotation.
1.3.

Scope

Using the properties of frequency response functions, variations in amplitude between sequential
measurements can be compensated for, resulting in cleaner directivity reconstructions. The
details of this method follow. Other sources of error result from spatial variations of microphone
3

and source positions1.10, 1.20.These effects and variations in pitch, are beyond the scope of this
thesis.
This graduate research aims are to develop an automated system for acquiring highresolution far field directivity measurements from played musical instruments. Chapter 2 will
describe the current ADAS incarnation, outlining its various components and detailing the
experimental methods. Chapter 3 will cover material concerning the measurement of a metallic
sphere with a known analytical model. The following three chapters are comprised of
manuscripts intended for future publications. Chapter 4 outlines the work done with a concert
grand piano and the results obtained. Chapter 5 outlines an FRF method used to compensate for
amplitude variations in playing, provides experimental validation, and gives a sample of results
as applied to a trombone, flute, and violin. Chapter 6 describes a method for approximating a
broadband directivity through composites of individual directivities. These composites are
acquired from individual notes played and are composed of their partials. Chapter 7 comprises a
series of questions and answers about big picture issues concerning this research providing final
conclusions and recommendations to future researchers.
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Chapter 2
Acoustic Directivity Acquisition System
The prototype ADAS was developed for use in the large anechoic chamber of the Eyring Science
Center located on the Provo campus of Brigham Young University. The complete system
includes a microphone arc, microphones, cabling, rotation system, data acquisition system, and
software (Fig. 2.1). By design, the ADAS is a versatile directivity measurement platform
utilizing existing techniques and allowing other techniques to be easily integrated. Its
methodology concentrates on ease-of-use, stability, and relevant maintenance and upgrades. A
description of each of its major components follows.
2.1.
2.1.1.

Experimental Apparatus
Microphone Arcs

The microphone arc array consists of 37 12.7 mm (½”) type 1 free-field electret microphones *
set at 5° polar angle increments. A selection of arcs of varying radii is available for specific
measurements setups, with radii ranging from 1 to 8 feet. They are constructed of rectangular
aluminum tubes with a wall thickness of 1/8” and outside dimensions of either 1” x 1” or 1” x 2”.
Arcs of larger radii consist of two pieces that are joined by two steel plates. Holes are drilled
perpendicularly through the radial faces at the proper angular spacing. A ¼” threaded rod runs
inward through each pair of holes, terminating in a custom microphone receptacle. The threaded
rod lengths may be adjusted to ensure a constant measurement radius and reduce scattering
effects caused by the arc. The microphone receptacle is constructed of Delrin® to provide
*

GRAS 40AE and PCB 377B02 microphones with Larson Davis PRM 426 preamplifiers
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electrical insulation from the arc. It is sized with an outer turned radius of 12.7 mm (½”)and an
inner radius large enough to admit the end of a standard molded BNC coaxial cable. The
receptacle holds the molded cable end by expansion pressure, while a groove permits the cable to
extend out toward the threaded rod. This design aims to minimize the cross section in the
direction perpendicular to the microphone face. The arc is suspended in the anechoic chamber
from two vertical supports with a third providing pivoting stabilization. Larger arc radii extend
below the cable floor and are subject to deformation from torsional forces and require an
additional support comprising four guy-wires extending out from the arc bottom to four
acoustically treated stanchions. (Fig. 2.1)

Fig. 2.1 Photos of 37 microphone arc array and rotation system with musicians chair. Arc radius
2.13m (84”). Microphone radius 1.81 m (71.5”). Microphone Diameter 12.7 mm (½”).
9

2.1.2.

Rotation System

The tops of the stanchions support the rotation system depicted in Fig. 2.2, which is designed to
rotate about an approximate geometric center of an instrument. As the acoustic center is initially
unknown before measuring and likely to vary with frequency a geometric center is used for the
first approximation. Four arms extend from the stanchions and connect to a mount that holds a
small diameter ball-bearing turntable that couples to a high torque motor through a worm-gear
system. A rectangular plate mounted to the top of the turntable holds four ¾” threaded rods
extending vertically. Two additional plates held in place by hex nuts clamp onto a long
horizontal beam. A welded fixture at one end of the beam supports a vertical post that terminates
in a rectangular plate attaching to a professional musician’s chair. Also connected to the post are
two foot rests that may be positioned according to the needs of the musician. Vertical adjustment
is available in the post fixture and clamping plates giving a range of a few inches to several feet
above the turntable mount. The beam may be adjusted horizontally to position the musician from
directly over the turntable to several feet away, depending on the instrument. The chair also has
yaw rotation for instruments such as the violin which are held at an angle with respect to the
musician. A peg holder may be attached to the beam to accommodate larger string instruments.
Collectively these adjustments allow for rotating the musician and instrument about any point.
The rotation system is illustrated in Fig. 2.2.

10

Fig. 2.2 Schematic of musician rotating system. Four arms reach out to the stanchion supports while

the chair rests on a rotation mechanism that allows for centering any part of the instrument about the
center of rotation. Two foot rests are able to swivel to suit the feet placement of the musician.

The selection of the rotation point can be nontrivial, as the acoustic center may not be
constant over frequency. An approximate acoustic center is chosen by estimating the geometric
center of the radiator. Placement error may be compensated for in post processing techniques.2.1
Unless the instrument is held rigidly by the rotation system inevitable shifting in the chair by the
musician will introduce inherent spatial variability in the position of the instrument beyond the
controlled rotation.
Additional transducers are placed in fixed positions relative to the rotating reference
frame (Fig. 2.3). These transducers may be microphones, electric pickups, accelerometers, etc.
Ideally, they provide a reference that is spatially invariant with the source. Multiple transducers
placed at strategic locations may be utilized to improve measurement results. A standard
microphone boom arm attached to the end of the rotation system beam and positioned with a
microphone directly in front of the musician provides a visual reference for holding the
11

instrument with some consistency. Another microphone or other transducer fixed to the
instrument itself provides the best fixed reference. A single or binaural pair of microphones
attached to the musician may provide supplementary information.

Fig. 2.3 Photo of musician rotating system and microphone arc. The microphone arc is seen in the

background descending below the cable floor. The chair configuration featured above is for a violinist
with the long axis of the violin lining up with the adjustable horizontal support arm of the rotation
system. The adjustable foot rests can be seen with a musician operated footswitch present on the side
right foot rest. (Top Right Circle) One of the reference microphones is attached to the end of a
microphone boom arm.(Bottom Left Circle) The other two reference microphones can be seen resting
on the chair and are attached to the musician and instrument. (Top Left Circle) The musician was also
wearing an intercom head set that can be seen resting on the back of the chair.

2.1.3.

Data Acquisition System

The ADAS is currently equipped with a data acquisition system manufactured by National
Instruments (NI). The system is configured as follows:
(1) PXI-1045 chassis. (Fig. 2.4)
(2) 12 PXI-4462 (4-channel input) cards.
(3) 1 PXI-4461 (2-channel input, 2-channel output) card.
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Fig. 2.4 Photo of data acquisition system and control room connectivity. A PXI-1045 chassis with

40+ input channels is connected to the chamber BNC patch panel. Stimulus signals can be routed via
BNC, XLR, or speakON.

This allows for a maximum of 50 input channels and 2 output channels (Fig. 2.4). Each
input channel is conditioned with ICP power with output currents of 4 or 10 mA, six gain
settings (30, 20, 10, 0, -10, -20), and pre-digitizing filters. (Alternatively, we have used a PXI1042Q chassis with 4 PXI-4498s (16-channel input) and 1 PXI-4461. However the PXI-4498 is
limited to 4 mA and only 3 gain settings.)The PXI chassis is connected to a Windows PC
through the MXI standard and configured using the ADAS software interface.
The ADAS is not limited to NI hardware and may be updated to use different data
acquisition systems including, Agilent VXI, Brüel and Kjær Pulse, or a professional audio
solution. The current NI system provides sufficient capability for the initial development and
measurements.
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2.2.

Software Interface

The ADAS software interface, CEDI †, is written in the LabVIEWTM development environment.
Utilizing a factory method design pattern, the interface is configured at runtime. As part of this,
an initialization file designates the appropriate turntable with associated configuration settings
and defines the input and output channels to be used. In addition, a list of available plugins is
generated that can be loaded by the user. Figure 2.5 shows the primary GUI, which is divided
into four areas. Two of these areas are for plugin configuration and channel monitoring, while
the other two are subpanels into which plugins are loaded. The subpanel on the left-hand side
handles measurement and data acquisition plugins. The right-hand subpanel handles motion
control plugins. The measurement and data acquisition plugins provide for configuring a
measurement session, while the motion control plugins handle rotation and measurement
start/stop functions. This plugin architecture provides for future customized applications using
other hardware without losing other functionality.

†

Software project development name: Carl Eyring Directivity Instrument (CEDI).
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Fig. 2.5 CEDI software interface Front Panel. Plugin Architecture allows for DAQ and Motion
systems to be custom designs and loaded at runtime.
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2.3.
2.3.1.

General Experimental Methods
Calibration

Along with the 37 arc microphones three additional microphones were placed strategically
around the musician for reference. Reference 1 consisted of a PCB 377B02 1/2 inch free field
microphone with Larson Davis PRM 426 preamplifier. It was used in the relative calibration of
the 37 arc microphones using the switching technique.2.2 The relative calibration was
accomplished using a G.R.A.S. Sound Intensity Calibrator type 51AB. The intensity calibrator is
labeled for output between 50 and 6300 Hz with input of 1 V Max RMS, while in practice
calibrations are made across the entire auditory spectrum. Various procedures have been
attempted when calibrating using the intensity calibrator. Initial attempts involved holding the
calibrator while the microphone remained in the arc. This method led to uncertain calibrations
due to the unsteadiness of holding the calibrator by hand. A second attempt was made creating
an intensity calibrator holder which hung from the arc while microphones were inserted into the
calibrator. Due to damage caused by heat the O-rings in the calibrator no longer fit snugly
resulting in this method also giving small variations in calibration due to improper alignment of
the microphones with the calibrator. Finally, the method of removing all microphones from the
array and calibrating within the chamber control room was used. Using foam and other materials
to isolate the microphones from vibration caused by the data acquisition system, each
microphone was calibrated relative to the reference microphone ensuring that the microphones
were aligned properly. These calibrations are much more repeatable at high frequencies and are
comparable to the previous calibrations at low frequencies. These calibrations are performed
using either a swept sine (chirp) or random white noise. A chirp was an excellent source for a
frequency resolution of 10 Hz. However, for 1 Hz resolution, a one second chirp was insufficient
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due to physical vibrations experienced ‡ by the calibrator requiring the use of random noise. For
these calibrations the reference microphone has no gain set and the field microphones have a
gain setting of 30 dB.
Reference 1 is attached to the instrument. Reference 2 is a variable reference that is either
a loudspeaker stimulus signal or a PCB 130E21 ¼” microphone attached to the musician or
instrument. When configured as the stimulus signal, an output channel from a PXI-4661
connected to a T junction splits the signal to the input of a PXI-4662 and the chamber patch
panel. Reference 3 is placed on a microphone boom arm connected to the end of the turntable
horizontal beam and is a G.R.A.S. 40AE ½” free field microphone with a TMS 426C01
preamplifier.
2.3.2.

Procedure

The general measurement procedure is either manual or automated. Either procedure involves
making iterative recordings of the desired signal. After each recording the rotation system
advanced 5° in the azimuthal angle and the process is repeated. 72 rotations completed the sphere
of data. In all, 73 array recordings are made with the angle 0° /360° being recorded twice as a
check. When automated, the system will increment after a defined measurement is recorded,
followed by a defined rotation settling time. A manual measurement uses interaction from both
the operator and musician to start and stop the recording, retaking, and rotate.
A completed data set includes 2701 (2664 to complete the sphere) array channel
measurements and 219 reference channel measurements. Each session is recorded with a
sampling frequency of 48 kHz and 24-bit resolution to match common conventions in audio
recordings and as a practical limitation to the data size. The data is also converted to single

‡

Campus construction, HVAC system, etc.
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precision to reduce the stored data size. The data is stored in a TDMS binary format with each
azimuthal measurement consisting of a single file containing 40 waveform data channels.
2.3.3.

Data Processing

2
(𝑓𝑓)] are computed
Frequency response functions and coherence functions [𝐻𝐻𝑚𝑚𝑛𝑛 (𝑓𝑓) and 𝛾𝛾𝑥𝑥𝑦𝑦
𝑚𝑚𝑚𝑚

between the reference microphone signal attached to the instrument and each of the 37 arc array
microphones The auto-spectrum, 𝐺𝐺𝑦𝑦𝑦𝑦 (𝑓𝑓), is also computed for each array microphone signal.
Block sizes of 0.1 and 1 s (4800 samples or 48000 samples) are used to obtain spectra with
frequency resolution of 10 Hz and 1 Hz. The data are also processed with and without
windowing, propagation delay correction (hybrid cross-correlation and level triggering method),
and overlap to maximize coherence and highlight different aspects of the spectra. The range of
2 (𝑓𝑓)
𝛾𝛾𝑥𝑥𝑥𝑥
is limited to values between 0 and 1 (ideally any value less than 0.9999 should not be

considered “good”).2.3 The Agilent 35670A Operator’s Guide states that a practical interpretation
is to use the rough “approximation where each 0.9 in the coherence function corresponds to –10
dB in the noise-to-signal level. For example, 0.99 corresponds to a noise level at 20 dB below the
signal level, and 0.9999 corresponds to a noise level at 40 dB below the signal level.”2.3 Low
coherence indicates errors in the frequency response estimates resulting from both random and
bias errors.2.4 In a controlled system, taking more averages to improve the coherence2.5 is a
simple task. In contrast, with a musician, the number of averages is limited by the sample length
produced, the block size, and the amount of overlap. With an average length of 10 seconds, we
can expect any channel with a coherence of less than 0.9 to have a 90% confidence interval
greater than -1.3 to 1.1 dB.2.6 For any channel with a coherence of less than 0.9, a judicious
decision must be made whether or not to accept the estimated 𝐻𝐻(𝑓𝑓).
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2.4.

Conventions
Spherical Coordinate Convention

2.4.1.

The ADAS uses the coordinate convention common in physics. The angle 𝜃𝜃 is defined as the

polar angle which is measured from the positive z axis or zenith with 0 ≤ 𝜃𝜃 ≤ 𝜋𝜋. The azimuthal

angle 𝜙𝜙 is defined to be in the 𝑥𝑥𝑥𝑥 plane and is measured from the positive x axis counter-

clockwise (right-handed) with 0 ≤ 𝜙𝜙 ≤ 2𝜋𝜋. The distance from the origin to the field point is
defined as r.

For instruments that have a defined principal axis, (trombones, trumpets, etc.), which axis
of the coordinate system that aligns with the principle axis of the source is another important
consideration. The ADAS is configured to rotate azimuthally about the musician’s long axis
often placing the instruments principle axis in the 𝑥𝑥𝑥𝑥 plane. This is in contrast to loudspeaker
manufacturers who align the source’s principal axis with the positive z axis.

For the 5° angular increments, we used the following indexing described in Leishman et

al.2.7 “The indices 𝑚𝑚 and 𝑛𝑛 are integer multipliers of the 5° increments in 𝜃𝜃 and 𝜙𝜙, respectively.

Thus, 𝜃𝜃𝑚𝑚 = 𝑚𝑚Δ𝜃𝜃, where 𝑚𝑚 = 0,1,2, . . . , 𝑀𝑀 − 1, and 𝑀𝑀 = 37 is the number of measurement

positions in 𝜃𝜃. Similarly, 𝜙𝜙𝑛𝑛 = 𝑛𝑛Δ𝜙𝜙, where 𝑛𝑛 = 0,1,2, . . . , 𝑁𝑁 − 1, and 𝑁𝑁 = 72 is the number of
measurement positions in .”
2.4.2.

Balloon Plots

Processed data is represented graphically using three separate balloon plots as demonstrated in
Fig 2.6. In Figure 2.6 (a) and (c), 𝐺𝐺𝑦𝑦𝑦𝑦𝑚𝑚𝑚𝑚 (𝑓𝑓) and 𝐻𝐻𝑚𝑚𝑚𝑚 (𝑓𝑓) are normalized and converted to levels
𝐺𝐺𝑦𝑦𝑦𝑦𝑚𝑚𝑚𝑚 (𝑓𝑓)

as: 20 log10 �𝐺𝐺

� and 20 log10 �

𝑦𝑦𝑦𝑦𝑚𝑚𝑚𝑚𝑚𝑚 (𝑓𝑓)

𝐻𝐻𝑚𝑚𝑚𝑚 (𝑓𝑓)

𝐻𝐻𝑚𝑚𝑚𝑚𝑚𝑚 (𝑓𝑓)

�and plotted from 0 to -40 dB. An inset arrow

shows the orientation of the source with respect to the plots coordinate system. The variation in
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playing level is clearly demonstrated by the visible vertical wedge patterns in Fig 2.6 (a). Figure
2.6 (b) plots the measured coherence of the 2664 channels over a sphere (repeated pole values
are all plotted). The full range of 0 to 1 is plotted with a color ramp to help the viewer distinguish
areas of good and poor coherence. Together, the plots help give any idea of the overall quality of
the 𝐻𝐻𝑚𝑚𝑚𝑚 (𝑓𝑓) directivity reconstruction. For example, a sphere that is perfectly white has good
coherence everywhere, while colors represent less than ideal reconstructions. Figure 2.6 (d)
presents the normalized spatially averaged coherence as a function of frequency, indicating
where in the spectrum good reconstructions exist. Overlaid with this is a normalized spatial
average of the Power Spectral Density (PSD) or Auto-Spectra.

Fig 2.6 (a) Auto-Spectra Reconstruction (b) Coherence Balloon Plot (a) FRF Reconstruction (d)
Averaged Coherence and PSD. This layout is the template for the animations.
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Chapter 3
Theoretical Source – Capped Sphere
As a validation of the ADAS system, a source approximating a rigid sphere with a small
oscillating cap was measured and compared to theory. The following sections explore the theory,
experiment, and results.
3.1.

Theory

Morse and Ingard3.1 outline the development of an analytical solution for the radiation from a
radially vibrating cap set in a rigid sphere. The sound pressure in free space may be represented
as Eqs 3.1-3.33.2 where 𝒰𝒰𝑚𝑚 is surface velocity amplitude, which can be expanded in terms of
(2)

Legendre polynomials, 𝑃𝑃𝑚𝑚 ; ℎ𝑚𝑚 are spherical Hankel functions of the second kind; 𝜃𝜃0 is defined

by the relationship between the radius of the sphere, 𝑎𝑎 and the cap 𝑎𝑎𝑝𝑝 , given by the expression
𝑎𝑎𝑝𝑝 = 𝑎𝑎 sin 𝜃𝜃0 .

∞

𝑝𝑝̂ (𝑟𝑟, 𝜃𝜃) = 𝜌𝜌0 𝑐𝑐 �

𝑚𝑚=0

𝒰𝒰𝑚𝑚 = �

𝒰𝒰𝑚𝑚
(2)
𝑃𝑃𝑚𝑚 (cos 𝜃𝜃)ℎ𝑚𝑚 (𝑘𝑘𝑘𝑘)
𝐶𝐶𝑚𝑚 (𝑘𝑘𝑘𝑘)

𝑢𝑢�0
(1 − cos 𝜃𝜃0 );
2

𝑚𝑚 = 0

𝑢𝑢�0
[𝑃𝑃
(cos 𝜃𝜃0 ) − 𝑃𝑃𝑚𝑚+1 (cos 𝜃𝜃0 )]; 𝑚𝑚 = 1,2,3, …
2 𝑚𝑚−1

𝐶𝐶𝑚𝑚 (𝑥𝑥) ≜

𝑗𝑗
(2)
(2)
�𝑚𝑚 ℎ𝑚𝑚−1 (𝑥𝑥) − (𝑚𝑚 + 1) ℎ𝑚𝑚+1 (𝑥𝑥)�
2𝑚𝑚 + 1
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(3.1)

(3.2)

(3.3)

With the assumed azimuthal symmetry, Eq. 3.3 can be solved to determine both the near
and far field radiation from the sphere. Choosing 𝑟𝑟 as the radial distance of the arc microphone, a
theoretical value of the far field directivity can be estimated,
3.2.

Experiment

The source used for this validation is a hollow 8” diameter steel sphere with a nominal 1”
diameter loudspeaker driver mounted approximately flush in its side (See Fig. 3.1). The sphere
was oriented with the loudspeaker face parallel to the azimuthal axis. Measurements were made
using both swept sine and uniform white-noise signals.

Fig. 3.1 Photograph of the metallic sphere with a mounted loudspeaker driver.
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Results, Analysis, and Discussion

3.3.

An animation of the measured and theoretical sound pressure radiated from the sphere is
presented in the embedded multimedia animation Mm. 3.1.

Mm. 3.1 This animation shows how the measured sphere data compares to the theoretical model. At

low frequencies there is good agreement. As the frequency increases the similarity lessens.

Figure 3.2 presents the computed spatial and area-weighted spatial standard deviations of
the differences between measurement and theory. Equations 3.4 and 3.5 are the formulations for
two standard deviations. The area-weighted 𝜎𝜎𝐴𝐴𝐴𝐴𝐴𝐴 (𝑓𝑓) has a weighting factor 𝑆𝑆𝑚𝑚,𝑛𝑛 is described in in
Leishman et al.3.3

𝑀𝑀−1 𝑁𝑁−1

2

�𝐿𝐿�𝑚𝑚,𝑛𝑛 (𝑓𝑓)� � /(𝑚𝑚 + 𝑛𝑛 − 2)
𝜎𝜎𝑚𝑚,𝑛𝑛 (𝑓𝑓) = �� � � �Δ𝐿𝐿𝑚𝑚,𝑛𝑛 (𝑓𝑓) − Δ
=0 𝑛𝑛=0

𝜎𝜎𝐴𝐴𝐴𝐴𝐴𝐴 (𝑓𝑓) = �

2

𝑁𝑁−1
�∑𝑀𝑀−1
=0 ∑𝑛𝑛=0 �𝐿𝐿𝑚𝑚,𝑛𝑛 − �𝐿𝐿𝑚𝑚,𝑛𝑛 (𝑓𝑓)�𝑆𝑆 � �
𝑁𝑁−1
∑𝑀𝑀−1
=0 ∑𝑛𝑛=0 𝑆𝑆𝑚𝑚,𝑛𝑛
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(3.4)

(3.5)

The sphere used only generally approximated the sphere across a certain bandwidth. The
animation indicates that the major features present in the theory occur in the measurements but
with ripple like surface variations. At higher frequencies, the resemblance diverges and the
measurements begin to approximate a baffled loudspeaker. Figure. 3.2 shows the poorness of the
comparison with spatial standard deviations of levels for frequencies above 1 kHz exceeding 2.0
dB. Possible reasons for discrepancies are how spherical the metal sphere actually is and how
well the speaker approximates a radially vibrating cap. The animation demonstrates that this
experiment partially validates the system by showing a general correlation in shape between the
measurement and theory. A different model might be more appropriate. For instance, the axial
vibrating cap could be a better fit.

Fig. 3.2 Narrowband data of the spatial and area-weighted spatial standard deviations of the
differences between the measured and theoretical directivities of the sphere.
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Chapter 4
POMA - San Diego:
“Methods for automating multichannel directivity measurements of
musical instruments in an anechoic chamber.”
4.1.

Paper Abstract and Author Information

Comprehensive directivity measurements of musical instruments in anechoic environments
involve several experimental challenges. However, by adapting methods currently used to
characterize loudspeaker directivity (e.g., through high-resolution balloon plots), one can obtain
highly detailed and instructive directivity data. This may be accomplished by rotating a musical
instrument with sequential azimuthal angle increments under a fixed semicircular array of
microphones while recording repeated notes or sequences of notes. The result is a computercontrolled acquisition of hundreds or even thousands of sound pressure measurements over a
measurement sphere. The directivity data and corresponding balloon plots may be shown to vary
as functions of time or frequency. This paper explores the approach applied to a grand piano with
velocity-controlled keys played through MIDI communication. Instruments played by live
musicians may also be evaluated, although the process requires carefully developed techniques
of control, feedback, and compensation to achieve acceptable results. These and other
considerations of performing automated, multichannel directivity measurements of musical
instruments are detailed in this presentation.
Authors: Nicholas J. Eyring II, Timothy W. Leishman, Kristina M. Sorensen, Nathan G W
Eyring
Manuscript written for intended publication in the Proceedings of Meetings on Acoustics
(POMA).
Fall 2011 Meeting of the Acoustical Society of America in San Diego.
Session: 2pMUb2
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4.2.

Introduction

Mankind has likely studied the acoustics of musical instruments for as long as there have been
musical instruments. Because of the emotional and psychological affect that music plays in the
human psyche, instruments are continually evolving to find new acoustic expression to represent
human emotion. The great instrument designers of the past have taken great care in choosing the
materials, components, and designs that will best express the sound or emotion they wish to
convey. These unique instruments have been examined by physicists through various means,
including creating simplified models that explain specific behaviors. An example is a string
instrument that has a simple model to describe how its strings vibrate. As our understanding of
acoustic properties has increased, our models have become more complex and account for more
aspects of the instruments. Today, musicians, physicists, and engineers continue to work toward
more complete models. Part of developing these advanced models is experimental data that is
more descriptive of instrument behavior. The directivity of the musical instrument, which
represents how sound radiates from the instrument in all directions, is an important component
for the verification of instrument modeling. Due to limitations of past technology, detailed threedimensional directivity data is sparse. Recently, high-resolution directivity measurements of a
concert grand piano in an anechoic chamber have been undertaken. The results show details of
how sound propagates away from the piano, including behavior that was both expected and
unexpected. This paper provides a brief overview of the experiment and a discussion of the
results and implications this study has for musical acoustics in general.
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4.3.

Methods

By adapting the methods commonly used to characterize loudspeaker directivity4.1 we obtained
highly detailed and instructive directivity data. Using a fixed semicircular array of microphones
separated by 5°, a partial sphere of data was obtained by rotating the piano with sequential 5°
azimuthal angle increments while recording repeated notes or sequences of notes. Through
computer-controlled measurement automation, we obtained 2664 sound pressure waveform
channels arranged in a 37x72 elements array distributed over the measurement sphere (See Fig.
4.1 and Mm. 4.1). In addition to signals from the microphone array, a signal from a reference
microphone fixed in the rotating reference frame was acquired at each angle for an additional 72
measurements. This method for obtaining directivity data may be applied to many different
instruments.

Fig. 4.1 Measurement Sphere showing the 2664 measurement points. The poles are repeated
measurement locations giving 2522 unique measurement positions.
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Mm. 4.1 This animation demonstrates how a complete measurement sphere is obtained through
progressive recording at each 5° measurement location.
We applied this technique to a Yamaha Disclavier Mark IV series concert grand piano
with velocity-controlled keys played through MIDI communication and rotated on a large
turntable (See Fig. 4.2). The velocity-controlled keys provided a highly repeatable source as
illustrated by Fig. 4.3. The inset of Fig. 4.3 is a plot of the solenoid engaging before the note is
played, while the outer plot shows how the note decays. The solenoid provided an accurate
trigger from which to align the measurements. The piano did require frequent tuning. Ideally, the
piano was tuned daily using an electric tuner that stored the results of the initial tuning (See Fig.
4.4).
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Fig. 4.2 Photos of Yamaha Disclavier Mark IV series concert grand piano in anechoic chamber.
(Left) A red curved line indicates the position of the arc. A red circle shows the position of a
reference microphone. (Top Right) The red circle shows the position of reference microphone with
respect to edge of the open piano. (Bottom Right) A full view of piano body with microphone arc in
the background.
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Fig. 4.3. Note amplitude decay in time for three measurements (dB ref 20 μPa) . Insert: Solenoid
generated sound that can be used for triggering (Pa).
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Fig. 4.4 Piano tuned in chamber using memory-equipped electric piano tuner.
The computer-controlled measurement system was configured to start a recording and
then play either a chromatic scale or a musical selection. Upon the completion of the musical
sequence, the recording was stopped and the turntable was rotated to the next position. This was
repeated 72 times. Measurement automation was important for efficiently obtaining the data.
Playing each key sequentially and allowing a full decay before playing the next, then repeating
the process 72 times took approximately 26.4 hours. Once the automated process started, the
operator was free to leave the control room and periodically check the status of the measurement
either directly or from a remote computer.
The amount of data storage required was non-trivial. Acquiring a set of data with a
sampling rate of 48 kHz at 24 bit resolution for sixty second measurement requires seventy-two
minutes and approximately 30 GB of data storage when stored with single precision. Table 4.1
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gives an idea of the data requirements for this test. Had we sampled at 96 kHz or stored the data
with double precision, the data size would have doubled. Upon completion, the measurement
data was ready to be processed and examined.
Table 4.1 Data Requirements
88 Keys
Mozart Selection4.2
Chromatic Scale
4.4.

Time
26.4 Hrs.
1 Hr. (50 sec x 72)
0.44 Hrs. (22 sec x 72)

Size
629 GB
23.8 GB
10.5 GB

Results and Analysis

Because of the repeatable playing of the piano, high resolution plots of time-evolving directivity
were possible. A running equivalent continuous sound level (Leq) using exponential weighting
was computed for each channel of the array. From this, balloon plot animations were generated
by selecting a maximum and minimum SPL, and setting these as the outer and center edge of the
plotted sphere. The result is a balloon plot that evolves in time which indicates the overall SPL in
any direction (See Fig. 4.5). Each time-step is a “snapshot” of the acoustic radiation in time.
Expected features that were noticed in these animations included more omnidirectional radiation
at low frequencies and a more directional radiation at high frequencies. It was also evident that
more sound radiated from the open lid than in other directions.
As per the piano being placed on an acoustically opaque surface consisting of the
turntable and anechoic wedges the lower microphones are shielded from the source. The
following animations omit these channels. The embedded multimedia files Mm. 4.2 through
Mm. 4.4 are examples of our results. First, Mm. 4.2 shows an animation of a played chromatic
scale. A piano model is inlaid to help the reader see the orientation of the piano as the data
rotates. The next animation, Mm. 4.3, is the same data looking down from the top. Finally, Mm.
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4.4 is an example of a musical selection that shows the complex directionality of multiple notes
played at the same time.

Fig. 4.5 Directivity balloon plot of grand piano playing W. A. Mozart, Piano Sonata No.16 in C
major, Allegro, K.545.
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Mm. 4.2 Time evolution balloon plot of a concert grand piano playing a chromatic scale.

Mm. 4.3 Time evolution balloon plot of a concert grand piano playing a chromatic scale as viewed
from the top.
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Mm. 4.4 Time evolution balloon plot of a concert grand piano playing a selection from W. A.
Mozart, Piano Sonata No.16 in C major, Allegro, K.545. Overall SPL is represented in the radial axis
with the maximum value occurring at the surface of the sphere.
4.5.

Conclusion

Challenges to the experimental setup for this and future measurements include repeatability,
physical/mechanical limitations from the size of the piano, and time/data costs. The main
observations from the balloon plots are less directionality at low frequencies and more
directionality at high frequencies. Future considerations for experimentation related to signal
processing include frequency-dependent microphone calibrations and utilizing the reference
microphone channel to correct for variations in amplitude between rotations. Possible
implications of the results include optimization of microphone placement for audio recordings,
applications in instrument simulation software, and predicting behavior of the instrument in
modeled acoustical environments. Future study may look into the possibility of a distinct
acoustic signature for different pianos.
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Through the techniques and results described above, high-resolution directivity data has
been obtained. The data have possible applications in various fields such as audio recording and
architectural acoustics design. Instruments played by live musicians may also be evaluated,4.3
although the process requires carefully developed techniques of control, feedback, and
compensation to achieve acceptable results. We plan to continue this work by measuring
directivities of musicians playing the violin, flute and trombone. Preliminary directivity data for
a flute is shown in Mm. 5. Successful acquisition of this data may be of value in the further study
of musical acoustics.

Mm. 4.5 Time evolution balloon plot of a single note played by a flute. Overall SPL is represented
in the radial axis with the maximum value occurring at the surface of the sphere.
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Chapter 5
POMA – San Francisco:
“A method for obtaining high-resolution directivities from the live
performance of musical instruments.”
5.1.

Paper Abstract and Author Information

Directivity measurements for live performance of musical instruments present several
experimental challenges, including the need for musicians to play consistently and reproducibly.
Some researchers have chosen to implement fixed, limited-element microphone arrays
surrounding instruments for rough directivity assessments. Unfortunately, with practical numbers
of microphones and data acquisition channels, this approach limits spatial resolution and field
decomposition bandwidth. Higher-resolution data may be obtained with a given microphone and
channel count by rotating a musician in sequential azimuthal angle increments under a fixed
semicircular microphone array. The musician plays a selected note sequence with each
increment, but corrections must be made for playing variability. This paper explores the
development of this method, which also uses rotating reference frame microphones and
frequency response function measurements. The initial developments involve a loudspeaker,
with known directivity, to simulate a live musician. It radiates both idealized signals and
anechoic recordings of musical instruments with random variations in amplitude. The
presentation will discuss how one can reconstruct correct source directivities from such signals
and the importance of reference microphone placement when using frequency response
functions. It will also introduce the concept of coherence maps as tools to establish directivity
confidence.
Authors: Nicholas J. Eyring II, Timothy W. Leishman, William J. Strong
Manuscript written for intended publication in the Proceedings of Meetings on Acoustics
(POMA).
Fall 2013 Meeting of the Acoustical Society of America in San Francisco.
Session: 1pMU5
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5.2.

Introduction

High-resolution far-field source directivities of musical instruments are useful in areas of both
theory and application. In the field of architectural acoustics, room simulations often predict the
performance characteristics of loudspeakers systems. The directivities of loudspeakers are
readily measured and widely used in commercial software. However, the directivities of
musicians and musical instruments are not readily available and simulations are often developed
using either an omnidirectional or other predefined pattern assumption.
Live musicians present several challenges for experimental measurement, including
playing consistently and reproducibly, as well as inherent spatial variance due to their movement
at different angular measurement positions. However, using the properties of frequency response
functions, variation in amplitude between sequential measurements can be compensated for to
produce cleaner directivity reconstructions. This paper aims to provide an overview and
validation of an acoustic directivity acquisition system (ADAS), which implements a technique
that affords fluctuations in played amplitude while still obtaining accurate directivities. It will
begin with a description of the experimental apparatus and general experimental methods and
considerations. Next, a treatment of an amplitude compensation method using frequency
response functions and its experimental validation will be outlined. Finally, a brief description of
the methods and results of the ADAS used for the measurement of trombone, flute, and violin
will be provided.
5.3.

Experimental Setup

The prototype ADAS located at Brigham Young University is, by design, a versatile directivity
measurement platform utilizing existing techniques and provides that other existing or future
techniques may be easily integrated. The primary components of the ADAS include a
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measurement arc, a rotation system, and a data acquisition system. The vertical, semicircular
measurement arc includes 37 Type 1 12.7 mm (0.5 in) free-field microphones separated by 5°
increments at a radius of 1.8 m from the geometric center. It surrounds a musician rotation
system consisting of a professional musician chair held by an apparatus that is capable of
rotating a musician and instrument azimuthally about any geometric point providing for
enhanced instrument centering. A full sphere of data is obtained by rotating the played
instrument with sequential 5° azimuthal angle increments while recording repeated notes or
sequences of notes. Additional microphones are attached to the rotation system and musician,
remaining fixed in the rotating reference frame. Figure 5.1 shows a photograph of the
measurement arc and rotation system. The 37 channels from the arc plus the reference
microphones are routed to the data acquisition system. The rotation and data acquisition systems
are automated using an interface written in the LabVIEWTM development environment. The data
is then processed using both LabVIEWTM and MatlabTM.
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Fig. 5.1 Photo of musician rotating system and microphone arc. The microphone arc is seen in the

background descending below the cable floor. The chair configuration featured above is for a violinist
with the long axis of the violin lining up with the adjustable horizontal support arm of the rotation
system. The adjustable foot rests can be seen with a musician operated footswitch present on the right
side foot rest. (Top Right Circle) One of the reference microphones is attached to the end of a
microphone boom arm.(Bottom Left Circle) The other two reference microphones can be seen resting
on the chair and are attached to the musician and instrument. (Top Left Circle) The musician was also
wearing an intercom head set that can be seen resting on the back of the chair.

5.4.

Method for Compensation of Varying Dynamics

It can be demonstrated that accurate reconstructions of far-field directivities can be made using
frequency response functions (FRFs) between the output of a microphone rotating with a source
and those of far-field microphones in the nonrotating reference frame. The advantage of this
method is that it allows for variation in source amplitude at each rotation position, while still
producing accurate reconstructions. This approach is necessitated by the inherent variability of
live musicians attempting to play the same amplitude 72 times in succession. The intent is to
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show the repeatability, stability, or accuracy of the reconstruction using randomly chosen
amplitudes spanning a range of at least 15 dB.
Theory

5.4.1.

Fluctuations in playing dynamic may be compensated for by leveraging the properties of transfer
functions. As a first approximation each rotation position can be modeled as linear time-invariant
system (LTI) system. The sampled impulse response ℎ[𝑛𝑛] and FRF 𝐻𝐻�𝑒𝑒 𝑗𝑗𝑗𝑗 � of a LTI system are

related as:

𝐷𝐷𝐷𝐷𝐷𝐷

𝑦𝑦[𝑛𝑛] = 𝑥𝑥[𝑛𝑛] ∗ ℎ[𝑛𝑛] �⎯� 𝑌𝑌�𝑒𝑒 𝑗𝑗𝑗𝑗 � = 𝑋𝑋�𝑒𝑒 𝑗𝑗𝑗𝑗 �𝐻𝐻�𝑒𝑒 𝑗𝑗𝑗𝑗 �
𝐻𝐻�𝑒𝑒 𝑗𝑗𝑗𝑗 � =

𝑌𝑌�𝑒𝑒 𝑗𝑗𝑗𝑗 �
𝑋𝑋(𝑒𝑒 𝑗𝑗𝑗𝑗 )

(5.1)

(5.2)

𝑥𝑥[𝑛𝑛] and 𝑦𝑦[𝑛𝑛] are the system input and output, respectively. If the input (reference microphone)
or outputs (arc microphones) vary by the same factor the FRF remains unchanged.
𝐷𝐷𝐷𝐷𝐷𝐷

𝑎𝑎(𝑦𝑦[𝑛𝑛]) = 𝑎𝑎(𝑥𝑥[𝑛𝑛] ∗ ℎ[𝑛𝑛]) �⎯� 𝑎𝑎 𝑌𝑌�𝑒𝑒 𝑗𝑗𝑗𝑗 � = 𝑎𝑎 𝑋𝑋�𝑒𝑒 𝑗𝑗𝑗𝑗 �𝐻𝐻�𝑒𝑒 𝑗𝑗𝑗𝑗 �
𝐻𝐻�𝑒𝑒 𝑗𝑗𝑗𝑗 � =

𝑎𝑎 𝑌𝑌�𝑒𝑒 𝑗𝑗𝑗𝑗 � 𝑋𝑋 ∗ �𝑒𝑒 𝑗𝑗𝑗𝑗 � 𝑌𝑌�𝑒𝑒 𝑗𝑗𝑗𝑗 � 𝐺𝐺𝑥𝑥𝑥𝑥 (𝑓𝑓)
→
=
𝑎𝑎 𝑋𝑋(𝑒𝑒 𝑗𝑗𝑗𝑗 )
𝑋𝑋(𝑒𝑒 𝑗𝑗𝑗𝑗 ) 𝑋𝑋(𝑒𝑒 𝑗𝑗𝑗𝑗 ) 𝐺𝐺𝑥𝑥𝑥𝑥 (𝑓𝑓)

(5.3)

(5.4)

For the ADAS, this means that a reference microphone must remain in the same location
relative to the source for each rotation position to maintain repeatability. Differences between
playing levels at each rotation are thus removed as the FRF simply yields the difference in level
between the system input and output positions.
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5.4.2.

Methods

The experimental validation of the FRF method presented here is twofold. The first validation
procedure consists of measuring both a two-way high-fidelity (Mackie HR824) loudspeaker and
a horn loaded compression driver. Each is aimed horizontally at the center microphone (90°) of
the arc array such that the primary axis of the loudspeakers aligned with the normal angle of the
microphone diaphragm. Without rotating the loudspeakers, a repeated measure of two stimulus
conditions are recorded. Data are recorded for each arc microphone and three references (two
microphones and the stimulus signal) for 72 iterations. One condition is to randomly set the
stimulus amplitude for each measurement iteration, while the other condition holds the amplitude
fixed. The random amplitudes varies by up to 15 dB. The second validation is full directivity
measurements of solely the horn loaded compression driver using both constant amplitude and
random amplitudes that are changed for each measurement angle. Reconstructions using the FRF
method are then made using one or more reference channels. For the current setup, Reference
Microphone 1 is positioned below and behind the horn’s bell, while the Reference Microphone 3
is placed approximately 10 cm from the horn in line with the primary radiation axis. The
stimulus channel is used as a third reference (Reference 2).
5.4.3.

Results

The decision to use two different styles of loudspeaker illustrates the different behaviors of these
sources. For the first validation procedure, the standard deviation for each channel of the
resulting normalized FRF level was computed across the 72 iterations. The 37 channel standard
deviations were then averaged to give an average standard deviation from the repeated measures.
Figure 5.2 presents four measurements; one from the horn-loaded driver and three from the
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Mackie HR824. Two of the curves present random amplitude results with the other two
contrasting the difference between a microphone and stimulus reference signal.
The full normalized directivity of the horn driver is generated using both normalized FRF
and normalized power spectral density when the amplitude is held constant. Taking the
difference between these two methods, spatial and area-weighted spatial standard deviations are
computed for the horn driver and presented in Fig. 5.3 and Fig. 5.4. Each figure displays curves
for FRF calculated using distinct reference microphones and the stimulus signal. Differences
between the normalized FRF directivities constructed from the constant-amplitude and anglevarying random amplitude were used to compute another set of spatial and area-weighted spatial
standard deviations and are presented in Fig. 5.5 and Fig. 5.6. Additional comparisons are
present in Fig. 5.7 and Fig. 5.8.

Fig. 5.2 Averaged standard deviation from repeated measures of Mackie HR824 and Horn Driver
with random source amplitudes.
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Fig. 5.3 Horn: Narrowband data of the spatial standard deviation of the difference between FRF and
PSD reconstructions.

Fig. 5.4 Horn: Narrowband data of the area-weighted spatial standard deviation of the difference
between FRF and PSD reconstructions.
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Fig. 5.5 Horn: Narrowband data of the spatial standard deviation of the difference between constant
amplitude and angle varying random amplitude FRF reconstructions.

Fig. 5.6 Horn: Narrowband data of the area-weighted spatial standard deviation of the difference

between constant amplitude and angle varying random amplitude FRF reconstructions.
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Fig. 5.7 Horn: Spatial standard deviation of directivities reconstructed from broadband and anechoic
recordings of trombone chromatic scale. Percent of Sphere Reconstructed indicates what percent of
measurement locations had good coherence.

Fig. 5.8 Horn: Spatial standard deviation of directivities reconstructed from broadband and anechoic
recordings of trombone chromatic scale. Percent of Sphere Reconstructed indicates what percent of
measurement locations had good coherence. The standard deviation was calculated ignoring
measurement locations with poor coherence.
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5.4.4.

Analysis and Discussion

In the repeated measures test, the amplitude at each microphone should be identical for perfect
reconstruction across all iterations. As Fig. 5.2, illustrates a standard deviation of less than 1.0
dB occurred for most of the 100 to 20k Hz bandwidth. The horn results curve up at both low and
high frequency extremes, where its frequency response rolls off. The Mackie HR824 has a
standard deviation of less than 0.2 dB across the bandwidth except at about 1.2 kHz and 17 kHz.
The broad peak at 1.2 kHz corresponds to the crossover range of the tweeter and midrange
drivers (x-over frequency at 1.8 kHz 24dB/octave) indicating a crossover response that varies
with amplitude. The 17 kHz peak is the result of an ambient noise source (mounted motion
webcam used to observe sources or musicians) present in the chamber and is present in all FRF
data that uses a microphone as a reference.
The comparison of directivities demonstrates that the FRF reconstructions are
comparable to the PSD reconstructions across a broad frequency range. Which of the two
methods is better is partially subjective and partially application dependent. For loudspeakers,
the use of the stimulus signal as the reference signal will result in superior reconstruction. For
sources that lack a controlled stimulus a well-placed reference microphone will produce
reconstructions that are resistant to amplitude variation. The drawback is possible near field
interference effects that will result in poor coherence at certain frequencies making the
reconstructions flawed. If the time-averaged amplitude is constant and a reference microphone is
not practical the PSD method is sufficient. The placement of reference microphones 1 and 3 were
chosen to illustrate how position affects the reconstruction. Reference microphone 3 is situated
along the principal axis of the horn and results in standard deviations of less than 1.0 dB. In
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contrast, microphone 1 is placed perpendicular to the principal axis and sees higher standard
deviations at higher frequencies.
The final comparison between constant and varying amplitude reconstructions shows
similar trends, regardless of the reference used. Increasing variation is seen with increasing
frequency and is not fully understood at this time.
5.5.
5.5.1.

Instruments
Trombone

A trombonist was asked to play six notes: octaves A♯2, A♯3, and A♯4; and three additional notes
that were dissonant, A3, B3, and E4. (Fig. 5.9). Three had harmonics related to each other. The
others were dissonant to the first set. In the process of experimenting with a trombone player it
was found that the reference microphone needed to be in front and attached to the instrument in
order to create accurate reconstructions. The microphone attached to microphone stand varied in
position relative to the instrument and necessitated attaching the reference microphone to the
slide of the trombone which had a lesser variance. Experience dictates that the reference
microphone needs to either be located along the primary axis and/or in the near field of the
instrument in order to get good reconstructions across all frequencies.
In processing the data, it is noted that when no window is applied sharp peaks occur at
the harmonics of the note played and when windowing is applied these peaks widen; however,
the directivity away from central positions is not necessarily to be trusted because of the spatial
energy that leaks from the central peak to adjacent frequency bins. Figure 5.10 shows the
reconstructions of six partials from a played A♯4 (466.2 Hz)
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Fig. 5.9 Photo of the trombonist sitting in rotation system.
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Fig. 5.10 Trombone partials from a played A♯4 (466.2 Hz) (FRF)
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5.5.2.

Flute

A flautist was asked to play certain predetermined notes (C4, F♯4, and G6). Flow from the
mouth and tone holes necessitated the use of a wind screen in front of the microphone attached to
the flute (Fig. 5.11). As a tone hole instrument, sound is emitted from multiple locations. Figure
5.12 shows the first four partials of an F♯4 (370.0 Hz) and first two partials of G6 (1568 Hz).
Figure 5.12 also indicates behavior that is similar to that of a line array. It cannot be assumed that
the directivities of matching partials from different fundamentals will be identical if the fingering
has significantly changed the radiating tone hole configurations.

Fig. 5.11 Photo of the flautist sitting in rotation system.
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Fig. 5.12 Flute Partials from a played F♯4 (369.994 Hz) and G6 (1567.982 Hz) (FRF)
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5.5.3.

Violin

A violinist was asked to play the four open strings (G3, D4, A4, and E5). The chair was
positioned so that the center of the violin body was situated directly over the axis of rotation
(Fig. 5.13). Figure 5.14 provides a sample of the FRF reconstructions from the violin. The
directivity of violins has been studied extensively.5.1-5.4 The purpose of the current measurement
was to gain preliminary insight into what needed to be done for future measurements.

Fig. 5.13 Photo of the violinist sitting in rotation system.
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Fig. 5.14 Violin open-string partials. (FRF) (G3:196 Hz, D4:294 Hz, A4:440 Hz, and E5:659 Hz)
57

5.6.

Conclusions

The ADAS has been developed to measure the directivities of played musical instruments.
Because they are highly variable sources, efforts have been made to compensate for changes in
played amplitudes. An outline of how a reference microphone can be used to compute FRFs for
use in directivity reconstructions was given. Experimental validation shows that when the
measurement approximates an LTI system, variations in playing amplitude of at least 15 dB can
be compensated for. Various sources have been measured to provide validation of the ADAS.
Preliminary measurements of the trombone, flute, and violin were conducted to gain experience
for more extensive measurements of musical instruments to be conducted in the future.
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Chapter 6
JASA-EL-Manuscript:
“High Spatial Resolution Acoustic Directivities from Harmonic
partials of a Played Trombone”
6.1.

Paper Abstract and Author Information

High-resolution normalized far-field directivities of played musical instruments may be acquired
by finding the directivities of individual partials and building composite directivities in the
frequency domain. This letter explores preliminary investigations for obtaining composite
directivities from played trombone data acquired using an acoustic directivity acquisition system.
Data processing implements a frequency response method utilizing a well-placed reference
microphone in the near field of the instrument. The composite directivities are derived from an
iterative averaging process that uses coherence as an inclusion criterion. Both objective and
subjective methods are then used to populate angular regions that do not meet the criterion.
Authors: Nicholas J. Eyring II, Timothy W. Leishman, William J. Strong
Manuscript written for intended publication in the Journal of the Acoustical Society of America
Express Letters (JASA-EL).
Alternate title: Composite Directivity of a Played Trombone
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6.2.

Introduction

High-Resolution source directivities of musical instruments are useful in areas of both theory and
application. In the field of architectural acoustics, room simulations often predict the
performance characteristics of loudspeaker systems. The directivities of loudspeakers are readily
measured and widely used in commercial software. The directivities of musical instruments are
not readily available and often approximated using either an omnidirectional or other predefined
pattern. This lack of availability is in part due to the complexity of acquiring these directivities.
When considering a performance space it is appropriate to include the musician as part of the
source. However, live musicians present several challenges for measurement, including playing
consistently and reproducibly as well as their inherent spatial movement. This letter aims to
provide an overview of the acquisition, processing, and, compilation of composite directivities
for use in architectural acoustics software packages. Composite directivities are derived from the
directivities of individual partials of the played notes. Frequency response function processing
methods will be highlighted. The initial application is applied to seven notes played on a
classical trombone.
Directivity measurements of musical instruments have varied in both method and
effectiveness. Some have been limited by lack of angular resolution, some by lack of live
performers, and some by both.6.1-6.8, 6.9 When excluding the live musician, spherical
measurements are comparatively easy. However, with the introduction of the musician, the
researcher must choose which variables to control and which to relinquish to measurement error
and uncertainty.
In work done by the author presented in Eyring et al.6.10, an Acoustic Directivity
Acquisition System (ADAS) has been developed for the acquisition of directivities from many
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different sources including played musical instruments. A validation of the system and its data
processing techniques for predictable sources was also given. This paper will briefly outline how
the ADAS is configured for the trombone and provide important considerations for reference
microphone placement.
Using data acquired from a student musician playing a classical trombone a proposed
structure for a composite directivity and an evaluation of its quality is presented. Limitations in
the reconstruction include a lack of signal-to-noise ratio at locations away from the bell at high
frequencies. Other considerations include the practical importance of knowing the directivities of
higher partials when the human ear will never distinguish them, when their levels fall below the
threshold of hearing, or are masked by lower partials.
6.3.

Methodologies for Acquiring Trombone Directivities

Figure 6.1 is a photograph of the trombonist sitting in the ADAS musician rotation system as
described in Eyring et a.l6.10 The microphone arc array consists of 37 12.7 mm (0.5 in) type 1
free-field electret microphones set at 5° polar angle increments. The microphones are held in
place by custom insulated holders attached to length-adjustable threaded rods extending radially
inward from the arc structure ensuring they thus enable a constant measurement radius and a
minimized scattering cross section. For the trombone setup the microphones were placed at a
radius of 1.8 m.
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Fig. 6.1 Microphone arc and musician rotation system with trombone player present.
The arc is assembled inside an anechoic chamber with its axis coinciding with the
rotation axis of the musician rotation system. The latter supports a professional music chair and
is capable of positioning any point of the instrument at the arc center and center of rotation. The
selection of the rotation point can be nontrivial, as the acoustic center may not be constant over
frequency. An approximate acoustic center was chosen to be a few centimeters behind the mouth
of the bell. Placement error may be compensated for in post processing techniques.6.4 Unless the
instrument is held rigidly by the rotation system, inevitable shifting in the chair by the musician
will introduce spatial variability in its position beyond the controlled rotation. The musician used
a fixed reference microphone as a target to visually orient the instrument at a slight downward
angle (see Fig. 6.1). Three microphones were placed in fixed positions within the rotating
reference frame. Two 12.7 mm (0.5 in) microphones were used; one attached to the trombone
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slide, and the other to a boom arm connected to the rotation system. A 6.35 mm (0.25 in)
microphone was attached to the musician. The decision to attach a microphone to the trombone
slide was made by trial and error. The frequency response method used in processing requires the
reference microphone position to be absolutely fixed in reference to the source. Microphones
held by a boom arm or attached to the musician have enough relative movement to create errors
in the frequency response estimates. A microphone placed behind the bell tended to fall in the
null of the directivity at several frequencies and produce unpredictable results. The slide was
found to be the best place being in front of the bell and positioned in both the spatial and acoustic
near field across much of the audible spectrum. This placement was still subjected to slight
change when slide length adjustments were made to correct playing pitch.
Recordings were taken with the musician sitting in the attached chair, playing a specific
note at a specified dynamic. The rotation system was then advanced 5° in the azimuthal angle
and the musician repeated the note again. After 72 rotation increments, a completed sphere of
data was collected. To facilitate a better recording experience, a footswitch was added to give the
musician the ability to start and stop the recording with LED indicators showing the status. An
electric tuner was also provided to check pitch. In all, 73 array recordings were made with the 0°
and 360° angles being recorded twice as a check. The pole measurements also represent repeated
measurements and act as indicators of how well the source is acoustically centered. A completed
data set thus included 2701 (2664 to complete the sphere) array channel measurements and 219
reference channel measurements. Each session was recorded with a sampling frequency of 48
kHz at 24-bit resolution to match common conventions in audio recordings and as a practical
limitation to the data size. The data were also converted to single precision to reduce the stored
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data size (As a 32-bit single precision floating point has a 24-bit mantissa, the 24-bit sample is
stored without a loss of precision).
For the preliminary measurements, the trombonist was asked to play an A♯ § at three
different octaves (written as ascending notes A♯2, A♯3, and A♯4) and three additional notes that
were dissonant to an A♯ (A3, B3, and E4). The high A♯4 was also played a second time as loud
as the musician could manage (fff). In consultation with the trombonist it was decided that each
note was to be played in a separate measurement set. The musician was asked to sustain each
note for 10 s (or as long as possible if unable to manage 10 s when playing a particularly
demanding note or amplitude). Long recording durations were necessary to obtain a sufficient
number of averages during data processing for a given frequency resolution. At times, the
musician struggled to play a consistent sustained note for more than 4 or 5 s, well short of the
desired 10 s duration. The shortened measurements resulted in greater measurement error and
uncertainties.
6.4.

Methodology for data processing and generation of Normalized Directivity BalloonPlots

As validated in Eyring et al. 6.10, large fluctuations in playing dynamic may be compensated for
using frequency response functions (FRFs). The impulse response h[h] and frequency response
𝐻𝐻�𝑒𝑒 𝑗𝑗𝑗𝑗 � of a linear time-invariant (LTI) system are related as
𝐷𝐷𝐷𝐷𝐷𝐷

𝑦𝑦[𝑛𝑛] = 𝑥𝑥[𝑛𝑛] ∗ ℎ[𝑛𝑛] �⎯� 𝑌𝑌�𝑒𝑒 𝑗𝑗𝑗𝑗 � = 𝑋𝑋�𝑒𝑒 𝑗𝑗𝑗𝑗 �𝐻𝐻�𝑒𝑒 𝑗𝑗𝑗𝑗 �.

where the frequency response function (FRF) is

The trombone is a B ♭ instrument; however because we list the chromatic notes in ascending order it is
appropriate to write them as A♯.

§
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(6.1)

𝐻𝐻�𝑒𝑒

𝑗𝑗𝑗𝑗

𝑌𝑌�𝑒𝑒 𝑗𝑗𝑗𝑗 �
�=
𝑋𝑋(𝑒𝑒 𝑗𝑗𝑗𝑗 )

(6.2)

and 𝑥𝑥[𝑛𝑛] and 𝑦𝑦[𝑛𝑛] are the system input (stimulus) and output, respectively. If the input

(reference microphone) or outputs (arc microphones) vary by the same factor the FRF remains

unchanged.
𝑎𝑎 𝑌𝑌�𝑒𝑒 𝑗𝑗𝑗𝑗 � = 𝑎𝑎 𝑋𝑋�𝑒𝑒 𝑗𝑗𝑗𝑗 �𝐻𝐻�𝑒𝑒 𝑗𝑗𝑗𝑗 �
𝐻𝐻�𝑒𝑒 𝑗𝑗𝑗𝑗 � =

𝑎𝑎 𝑌𝑌�𝑒𝑒 𝑗𝑗𝑗𝑗 � 𝑋𝑋 ∗ �𝑒𝑒 𝑗𝑗𝑗𝑗 � 𝑌𝑌�𝑒𝑒 𝑗𝑗𝑗𝑗 � 𝐺𝐺𝑥𝑥𝑥𝑥 (𝑓𝑓)
→
=
𝑎𝑎 𝑋𝑋(𝑒𝑒 𝑗𝑗𝑗𝑗 )
𝑋𝑋(𝑒𝑒 𝑗𝑗𝑗𝑗 ) 𝑋𝑋(𝑒𝑒 𝑗𝑗𝑗𝑗 ) 𝐺𝐺𝑥𝑥𝑥𝑥 (𝑓𝑓)

(6.3)

(6.4)

Using the FRF method, changes in level and timbre are accounted for in the measurements.
2 (𝑓𝑓)]
Frequency response functions and coherence functions [𝐻𝐻(𝑓𝑓) and 𝛾𝛾𝑥𝑥𝑥𝑥
were

computed between the signal from the reference microphone attached to the trombone slide and
each of the 37 arc array microphone signals. The autospectrum 𝐺𝐺𝑦𝑦𝑦𝑦 (𝑓𝑓) was also computed for

each of the latter. Block sizes of 0.1 and 1.0 seconds (4800 samples or 48000 samples) were used
to obtain spectra with frequency resolutions of 10 Hz and 1 Hz. The data were also processed
with and without windowing, propagation delay correction (hybrid cross-correlation and level
triggering method), and overlap to maximize coherence and highlight different aspects of the
spectra. Low coherence indicates errors in the frequency response estimates resulting from both
random and certain bias errors, which can often be improved by taking more averages.6.11 In a
controlled system, taking more averages to improve the coherence is a simple task. In contrast,
for a played musical instrument, the number of averages is limited by the sample length
produced, the block size, and the amount of overlap. With a length of 10 seconds, we can expect
any channel with a coherence of less than 0.9 to have a 90% confidence interval greater than -1.3
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to 1.1 dB.6.12-6.14 For any channel with a coherence of less than .9, a judicious decision must be
made as to whether or not to accept the estimated 𝐻𝐻(𝑓𝑓).

Processed data are presented using balloon plots, spectra, and a trombone graphical

representation (to show the instrument orientation) as demonstrated in Fig. 6.2. In parts (a) and
(c), 𝐺𝐺𝑦𝑦𝑦𝑦𝑚𝑚𝑚𝑚 (𝑓𝑓) and 𝐻𝐻𝑚𝑚𝑚𝑚 (𝑓𝑓) are normalized and converted to levels as 20 log10 �
𝐻𝐻𝑚𝑚𝑛𝑛 (𝑓𝑓)
�
𝐻𝐻𝑚𝑚𝑚𝑚𝑚𝑚 (𝑓𝑓)

20 log10 �

𝐺𝐺𝑦𝑦𝑦𝑦

𝑚𝑚𝑚𝑚

(𝑓𝑓)

� and

𝐺𝐺𝑦𝑦𝑦𝑦𝑚𝑚𝑚𝑚𝑚𝑚 (𝑓𝑓)

respectively where 𝐺𝐺𝑦𝑦𝑦𝑦𝑚𝑚𝑚𝑚𝑚𝑚 (𝑓𝑓) and 𝐻𝐻𝑚𝑚𝑚𝑚𝑚𝑚 (𝑓𝑓) are the maximum spatial values

at each frequency. The normalized levels are then spherically plotted with the radial component
ranging from 0 to -40 dB. An inset arrow shows the orientation of the source with respect to the
plots coordinate system. The variation in playing level is clearly demonstrated by the visible
vertical wedge patterns in part (a). Part (b) plots the measured coherence of the 2664 channels
over a sphere (repeated pole values are all plotted). The full range of 0 to 1 is plotted with a color
ramp to help the viewer distinguish areas of good and poor coherence. Together, the plots help
give an idea of the overall quality of the 𝐻𝐻𝑚𝑚𝑚𝑚 (𝑓𝑓) directivity reconstruction. For example, a

sphere that is perfectly white has good coherence everywhere, while colors represent less than
ideal reconstructions. Part (d) presents the normalized spatially averaged coherence as a function
of frequency, indicating where in the spectrum good reconstructions exist. Overlaid with this is a
normalized spatial average of the Power Spectral Density (PSD) or Auto-Spectra. The animation
in Mm. 6.1 highlights several processed partials of the recorded note with a layout similar to Fig.
6.2.
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Fig. 6.2 a) Normalized 𝐻𝐻(𝑓𝑓). (b)Oriented trombone image. (c) Normalized 𝐺𝐺𝑦𝑦𝑦𝑦 (𝑓𝑓). (d) Coherence
2 (𝑓𝑓).
sphere 𝛾𝛾𝑥𝑥𝑥𝑥
(e) Overlays of normalized spatial average of coherence (0 to 1) and 𝐺𝐺𝑦𝑦𝑦𝑦 (𝑓𝑓).

Mm. 6.1 Animation of several trombone partials which demonstrate how the FRF reconstruction

compensates for amplitude variation.
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We can demonstrate that the directivity of the second harmonic is a reasonable match to
the fundamental of the note played an octave above and that the fourth harmonic is a reasonable
match to the fundamental of the note played two octaves above. Figure 6.3 consists of six
directivity balloon plots. Part (a) is the 2nd harmonic of A♯2 (116.51 Hz). To the right, Part (b) is
the plot of the fundamental of A♯4 (466.164 Hz). Parts (c)-(f) show higher partials for A♯4.
Table 6.1 compares differences in the partial directivities shown in the figure and includes
additional data for the A♯3 and A♯4 ﬀ measurements. All of the compared partials displayed
have standard deviations of less than 1.0 dB.

Table 6.1 Comparison of the spatial standard deviation of the difference in harmonic partial directivities.

Partials

A♯2 1st

A♯2 2nd
A♯3 Fund.

A♯3 Fund.

A♯2 4th

A♯3

A♯4 Fund.

A♯4 fff Fund.

0.59

0.58

0.58

0.38

0.53

0.31
0.31

A♯2 4th
2nd

A♯3 2ndt

0.59

A♯4 Fund.

0.58

0.38

A♯4 fff Fund.

0.58

0.53
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0.57
0.57

Fig. 6.3 Comparison of the directivities of partials from different fundamentals.
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6.5.

Constructing Composite Directivities

Methods for building composite directivities will vary for different instruments. Consider a
classical trombone with a fundamental range of E2 (82.41 Hz) to C5 (523.25 Hz) separated by 32
half-steps for 33 staff notes. As a lip reed instrument, its partials exist at all positive integer
multiples of the fundamental. This results in 2156 different partials between 82.41 Hz and 20
kHz. Of these partials 1080 are unique, 641 have duplicates, and 435 have triplicates. Figure 6.4
is an overlaid plot of the reference channel measurements for different A♯octave measurements.
If the output was lossless, every partial could be captured by recording the lowest twelve notes.
However, as a physical system, losses in the instrument increase with frequency coinciding with
a decrease in the input impedance. This, combined with the increasingly sharp directionality of
the higher partials, results in very low signal levels in any region not in front of the bell.
Recording all 33 notes may improve the signal of the first few partials yet may not improve the
higher partials as the amplitudes drop off faster. It should be remembered that the first twelve
notes have partials that will not overlap with any others and can only be captured with that single
note. In practice, having the musician playing the lower notes as loud as possible and then
evaluating if higher notes are needed is a practical approach to acquiring as many partials as
possible.
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Fig. 6.4 Overlay of the spatial averaged spectral densities of A♯2, A♯3, A♯4 and A♯4 fff.
The researcher must also decide if the entire audible bandwidth is desired or practical. If
the higher partials will be undetected by the human ear, an appropriate adjustment in bandwidth
can be made without reducing the efficacy of the results.
For 2664 spherical array channels 5,743,584 spatial partials must be evaluated by some
rejection criteria. The most important indicator is the coherence. For coherence values of 0.999
and above, there is a high probability that the estimate of 𝐻𝐻(𝑓𝑓) is correct. For values between 0.9
and 0.999 there is more uncertainty, though on par with the uncertainty inherent with repeated

measurements. It is not assumed that the partial is an infinitesimally narrow peak; it has a finite
width with high coherence potentially spreading across multiple frequency bins, depending on
the step size. If windowing is used, energy has potentially leaked into adjacent bins while not
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perfectly representing the 𝐻𝐻(𝑓𝑓) that would have been estimated if the partial had been centered
on that bin.

For the current data set, an iterative averaging of spectra is applied. Two 3 dimensional
arrays of size 37 by 73 by the number of frequency bins are created. The first array is the empty
composite. The second is a Boolean array, indicating which elements have an estimate. A
starting coherence threshold is selected and by inspecting the spectra of all recorded notes, all
frequency bins that meet the criteria are averaged to give the first composite. The Boolean array
is updated so that each estimated element that has been estimated is given a value of one. Next,
another threshold is selected and the averaging is repeated. With the new criteria, only elements
that have estimates and correspond to a Boolean array element of zero are added to the
composite. The Boolean array is then updated to reflect the new number of estimated elements.
This process is repeated for a series of coherence values. The bins that remain undefined may be
given a set value like -40 or -120 dB or be interpolated from their neighbors. As another option,
data can be reconstructed using spherical harmonics and the missing data points coming from the
results. Though not handled here, it is appropriate to give frequency-dependent statistical
uncertainty estimates taking into account all sources of error.
A composite directivity for the trombone was made by first using non-windowed spectra
and a coherence threshold of 0.9995. This composite is sparsely populated and has little practical
application. To flesh out the directivity, further iterations use estimates of H(f) generated with
windowing and high overlap, where energy has leaked across many bins while progressively
lowering the coherence threshold value (0.9995, 0.999, 0.99, 0.95, 0.9, 0.6). The result of this
process is less certain but represents a reasonable approximation of the directivity. The process
and result are demonstrated in Mm. 6.2, Mm. 6.3, and Mm. 6.4. For each coherence threshold
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level, a gray sphere is plotted and only accepted data points are plotted on the coherence and
FRF balloon plots.

Mm. 6.2 Animation of composite step 1. Coherence Threshold of .9995.

Mm. 6.3 Animation of composite steps 2-5. Changing coherence threshold.
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Mm. 6.4 Animation of completed composite directivity of trombone from measured partials. Incomplete
due to number of notes actually measured.
The data presented are preliminary only. No inference as to cause and effect or to a
greater population of trombones can be made. Spatial variation caused by movement by the
musician has not been accounted for beyond simple propagation delay estimates. The methods
presented in this section are applied to the trombone and may not be appropriate for all
instruments, especially if overlapping partials from different fundamentals are significantly
different. This is possible if the source configuration is different for each fundamental (i.e., for
flute, violin, etc.).
6.6.

Conclusion

A method for creating composite directivities from played partials has been presented. Using the
ADAS to perform recordings of a student trombonist, 6 unique notes have been measured.
Spherical data arrays with 5° angular resolution consist of 2664 signals which when combined
with an appropriate reference signal are used to estimate a frequency response function for each
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note. Efforts were made to maximize the coherence. The partial content of the trombone was
outlined and strategies for gathering as many partials were discussed. The processed data was
then screened based on coherence and noise floor levels to create a composite directivity. Future
work includes collecting a full set of notes for the trombone as well as performing repeated
measures to establish statistical inference between musicians and trombone types. Additional
instruments will also be measured.

76

References for Manuscript

6.7.
6.1

Harry F. Olson, Music Engineering. (McGraw-Hill, Ney York, 1952).

6.2

J. Meyer, Acoustics and the performance of music. (Frankfurt/Main: Verlag Das
Musikinstrument, 1978).

6.3

M. Kob and H. Jers, "Directivity measurement of a singer", J. Acous. Soc. Am. 105 (2),
1003-1003 (1999).

6.4

I. B. Hagai, M. Pollow, M. Vorlander and B. Rafaely, "Acoustic centering of sources
measured by surrounding spherical microphone arrays," J. Acous. Soc. Am. 130 (4), 20032015 (2011).

6.5

A. P. Carrillo, J. Bonada, J. Patynen and V. Valimaki, "Method for measuring violin sound
radiation based on bowed glissandi and its application to sound synthesis," J. Acous. Soc.
Am. 130, 1020-1029 (2011).

6.6

J. Patynen and T. Lokki, "Directivities of symphony orchestra instruments," Acta Acustica
united with Acustica 96 (1), 138-167 (2010).

6.7

R. San Martin and M. Arana, "Uncertainties caused by source directivity in room-acoustic
investigations", J. Acous. Soc. Am. 123 (6), EL133-EL138 (2008).

6.8

M. Guazzotti, L. Mazzarella and M. Cairoli, "Musical acoustic analysis: The influence of the
source's directivity on the parameters which describe closed spaces with an intended purpose:
The listening of chamber music and symphonic music," Acta Acustica united with Acustica
89 (SUPP.), S101-S103 (2003).

6.9

M Müller-Trapet, P. Dietrich, M. Vorländer, "Influence of various uncertainty factors on the
results of beam forming measurements", J. Noise Control Eng. 59 (3), 302-310 (2011).

77

6.10

N. J. Eyring, T. W. Leishman, W. J. Strong, “A method for obtaining high-resolution
directivities from the live performance of musical instruments,” J. Acous. Soc. Am. POMA,
(Manuscript) (2013).

6.11

J .S. Bendat, A G. Piersol, Engineering applications of correlation and Spectral Analysis, 2nd
Edition. (John Wiley & Sons, Inc., Ney York, 1993), pp. 113-117.

6.12

J .S. Taylor, An introduction to error analysis, The Study of Uncertainties in Physical
Measurements, (University Science Books, Sausalito, 1997) p 149.

6.13

Agilent 35670A Operator’s Guide, (Agilent Technologies, 2010) pp. 16-7, 16-9.

6.14

Allemang, et al, UC-SDRL-CN-20-263-663/664 Vibrations: Experimental Modal Analysis,
(Published to Web 2001) p. 5-15.

78

Chapter 7
Conclusions
7.1.

Why are we measuring the musician?

Why are we measuring the musician? Researchers have spent the last few decades trying to
remove the musician from the experimental process because of the uncertainty the musician
introduces. An initial response is that a musician is an important component of the entire
radiating system and that, practically, the real-world application of the directivity would include
the musician as an absorbing and scattering body. While the point has validity, experience has
taught that the variability introduced by the musicians’ playing makes the results potentially
limited and prevents interpretation from a purely theoretical or model-based point of view. While
this thesis has explored methods of accounting for changes in amplitude, variation in the spatial
positioning are much more difficult to account for and will always be an inherent part of the
experimental error. A more beneficial use for this experimental technique may be to sample a
large number of musicians playing different variations of the same instrument and asking
specific statistical questions about the population. The answers to these questions make
inferences about the behavior of the instrument as an acoustical source. To really study the
attack, decay, and steady-state of notes played, an artificial excitation method would be
necessary while keeping the musician present as an interactive body. This has been done with
both the violin and harp by other institutions. It was decided that for the three instruments to be
studied, there was not enough time to create an artificial means of excitation and that
concentrating on methods for accounting for variability would be a better use of time. We
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wanted to try measuring the musician with the technology currently available to us and see what
resulted. The results show a level of resolution that is not present in the current literature
revealing details that pose questions about the acoustic source model of these instruments.
However, to really delve into these questions, removing the musician as the excitation source
would be appropriate to find instrument specific answers. The questions to be asked are musician
to musician or instrument to instrument, not what is the best model for this instrument. If we
know the answer to the statistical questions, directivities for use in architectural acoustics and
room acoustics would be useful because the data would be empirical and just like many of the
tables and charts used in acoustics, compendiums of general directivity of played musical
instruments could be generated.
7.2.

What was missing?

The aspect of the experiment that was most lacking was the signal-to-noise ratio of the
microphones on the arc array. These field points received nearly no signal from the higher
partials when the instrument was directed away from them. This issue was known from the
earliest stages of planning and over a dozen acquisition systems or signal conditioning options
were explored that would have helped resolve this issue. Lack of funds resulted in using the
equipment on hand. The most gain available to us was 30 dB while an additional 30 to 50 dB
gain would be helpful. With this there is concern that whatever gain is appropriate for the low
signal directions will clip in the high signal directions. Adjusting the gain mid measurement will
possibly effect the relative calibrations and require a very time intensive calibration process. This
is why the system of choice would have auto-ranging capabilities similar to the Brüel & Kjær
Dyn-X technology7.1 that provides access to the full dynamic range of the transducer without
setting levels. Currently, acquiring that system is cost prohibitive.
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Plans were also made to account for player movement such that the exact position of the
instrument, reference microphone, and field microphones would be known to a high degree of
precision. This can be determined using a best guess estimate of the positions and using acoustic
data and arrival times to determine distances from the instrument’s acoustic center. To better
handle these unknowns, various technologies in the area of animation capture could be
implemented to track the exact orientation of the instrument relative to the microphone positions.
The result would be the sphere where data points are not separated by exactly 5° requiring that
other methods of analysis be used in processing and reconstructing the directivities. These
methods are taught in upper-level computer science classes that cover image processing.
7.3.

What was my contribution to the field?

The measurements of the grand piano led to balloon plot animations showing the time evolution
of the overall sound pressure level for a played chromatic scale and musical selection. These
animations were very well received by those in attendance when it was presented at a
professional conference **. Inquiries were made about if they could have access to the animations
and encouragement was given for furthering the work. What made these animations possible was
fully automating the process with a repeatable musical instrument source. The data recorded was
not a full sphere but the insights that could be gleaned were very promising. The Chair at the
session commented that the animations have the potential of setting a new standard for visual
presentation of how musical instruments radiate sound in the time domain. The work on the
piano was limited to that. Time and efforts were shifted to that of smaller instruments as required
by the research sponsor.

**

Fall 2011 Meeting of the Acoustical Society of America in San Diego.
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While most of the time has been spent determining exactly the scope and method for the
experimentation, progress has been made in acquiring high-resolution directivity from played
musical instruments. Measurements of the trombone, flute, and violin have been made and
highly detailed directivities of individual parcels have the potential to be valuable additions to
the body of literature. The method for compensating for varying dynamics through FRF, while
based upon a very basic principle of signal processing, has been validated in the experimental
setting with practical results that are statistically rigorous.
This contribution includes the representation of the coherence as a balloon plot and
averaging the coherence across the entire spherical array yielding one number as the coherence
metric for the overall quality of the FRF reconstruction. The coherence balloon plots have value
beyond the range of values 0.9 and above. For instance, if a channel has a systematic error, like
electronic noise from a failing preamplifier, it can be revealed by a pattern in the plot. In practice
this is seen as a jagged cone feature appearing in contrast to the more random pattern of general
low coherence. The patterns can occur across all frequency or in narrow bands. Restated,
patterns that show up in the coherence balloon plot when the coherence is low are indicators of
some error in the acquisition. Having the sphere to compare to the FRF reconstruction provides a
way to see if the reconstruction is valid or to distinguish between areas of the reconstruction that
are good, or areas that are less confident. Specifically, features that don't seem to fit on the
reconstruction may be explainable by the poor coherence seen on the coherence sphere.
Much of the work is foundational. Yet the results which have been obtained already
provide insight that lead to further research questions to be answered. The trombone data will
have practical application in a composite directivity that will be used for a psychoacoustic
experiment being performed at BYU.
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7.4.

My suggestions to future researchers.

There are more variables than the researcher can account for. This is true for any experiment, but
in physics it is often easy to characterize and control many of the variables and understand which
variables can be ignored. The addition of the human element changes standard operating
procedure for laboratory measurements. There will always be unknowns regarding the musician,
their instrument, and what it will take to obtain quality data. Before you begin any study of an
instrument or population of instruments, consult a statistician who can help you properly define
the scope of the experiments and decide exactly which questions can be asked or should be asked
and whether or not you can feasibly obtain that data. Most of the results of this type of
experimentation are empirical and will require hundreds to thousands of hours of measurements
before results can be used for general purposes.
Musicians must acclimate to playing in the chamber and can tire easily from the extra
effort needed. Musicians that are of a professional caliber are preferred to students who are in
early stages in their performance majors and have other commitments that affect their practice
schedules. Be very sensitive to how the musician feels as they play, listen for strain in playing
and be willing to take breaks as needed. An apparatus to hold the instrument rigidly in place is
highly recommended, especially for the violin and other string instruments where body motion is
primarily a subconscious action. Compensating for the amplitude changes may be simple but
extreme changes in position are more difficult. If time and resources permit, develop artificial
means of excitation for each of the instruments to be studied and use that while the musician is
present and then record the musician playing their instrument. This would provide a much more
repeatable source and could be considered a control in the experiment.
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Measurement automation is crucial for both the operator and the musician. You want the
recording session to take the least amount of time possible, requiring as few interactions with the
computer or musicians as possible. Each click of the button or verbal communication takes time
and in a repetitive measurement, that time adds up. For the preliminary measurements,
automation provided the ability for the musicians to start and stop the actual recording through
means of a foot switch. LED indicators also showed the musician that the chair was in one of the
following states: rotating, settling, ready to record, recording, or idle. As the operator, I could
monitor the data and retake measurements as needed but only needed to make a click of the
mouse to move to the next rotation position. The musician was also fully aware of when they
would start and stop playing, reducing the amount of dead time at the beginning and ending of
each recording which at times could account for more than 10% of the overall measurement
time, depending on the response time of the operator and the musician if verbal commands are
used.
There is no right way to store the data. There are so many channels and measurements
that it will seem complicated no matter what you do. I have chosen to use a file format that
allows me to store all 40 array channels in a single file so that I have 73 files per measurement
session. This may not be possible with other recording methods and you will have thousands of
files and a naming convention to handle them. Document your method of storing the files but if
through experience you find there's a better way, implement it. Currently there is no standard for
storing this many channels, though programs such as EASE do have naming conventions that
might be appropriate for both raw and processed data.
If there is ever the opportunity to make a large capital equipment purchase, I recommend
the acquisition of a high-channel count Brüel & Kjær Pulse LAN-XI system and purchasing
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enough microphones to expand the semicircular arc to a full circle arc, if not a double-ring array.
Anything to reduce the number of measurements would be beneficial. With composite printing
technology it might be possible to design and develop arcs with very small cross-sectional
scattering areas that are lightweight and strong. There are also other scanning techniques that can
be used to perform patch holography. The rotating chair has the potential to be supported from
only two stanchions eliminating the two arms that extend toward the arc to further reduce
scattering.
7.5.

Overall

This graduate research set out to develop an automated system for acquiring high-resolution far
field directivity measurements from played musical instruments. The system to acquire these
measurements was a success. While low signal levels might make it requisite to change the data
acquisition hardware, making much of the work done rendered obsolete or incompatible, the
principles are sound and can be applied to new generations of ADAS. Chapter 2 described the
ADAS incarnation, outlining its various components and detailing the experimental methods.
Chapter 3 covered material concerning the measurement of the sphere, which was compared to a
theoretical model and was less than successful. Chapter 4 outlines the work done with the grand
piano and the results obtained. Chapter 5 outlines the FRF method used to compensate for
amplitude variations in playing, provides experimental validation, and gives a sample of results
as applied to a trombone, flute, and violin. Chapter 6 describes a method for approximating a
broadband directivity through composites of individual directivities. These composites are
acquired from individual notes played and are composed of their partials. This work is
preliminary and sets the foundation for future work with applications, not just in musical
acoustics, but in other areas of acoustics studied at BYU.
85

Conclusion References

7.6.
7.1

O. T. Andersen and N. J. Jacobsen, “New Technology Increases the Dynamic Ranges of Data
Acquisition Systems Based on 24-bit Technology” Sound and Vibration, April 2005, pp. 811.

86

Bibliography
Agilent 35670A Operator’s Guide, (Agilent Technologies, 2010) pp. 16-7, 16-9.
Allemang, et al, UC-SDRL-CN-20-263-663/664 Vibrations: Experimental Modal Analysis,
(Published to Web 2001) p 5-15.
O. T. Andersen and N. J. Jacobsen, “New Technology Increases the Dynamic Ranges of Data
Acquisition Systems Based on 24-bit Technology” Sound and Vibration, April 2005, pp. 8-11.
E. B. Arnold and G. Weinreich, "Acoustical spectroscopy of violins", J. Acous. Soc. Am. 72 (6),
1739-1746 (1982).
J .S. Bendat, A G. Piersol, Engineering applications of correlation and Spectral Analysis, 2nd
Edition. (John Wiley & Sons, Inc., Ney York, 1993), pp. 113-117.
A. P. Carrillo and J Bonda, “Methods for measuring violin sound radiation based on bowed
glissandi and its application to sound synthesis,” J. Acous. Soc. Am. 130 (2), 1020 (2011).
A. P. Carrillo, J. Bonada, J. Patynen and V. Valimaki, "Method for measuring violin sound
radiation based on bowed glissandi and its application to sound synthesis," J. Acous. Soc. Am.
130, 1020-1029 (2011).
J. Y. Chung and D. A. Blaser, “Transfer function method of measuring in-duct acoustic
properties. I. Theory,” J. Acous. Soc. Am. 105, 911 (1980).
L. Cremer, "Synthesis of the sound field of an arbitrary rigid radiator in air with arbitrary
particle-velocity distribution by means of spherical sound fields", Acustica 55 (1), 44-46 (1984).
N. J. Eyring, T. W. Leishman, W. J. Strong, “A method for obtaining high-resolution
directivities from the live performance of musical instruments,” J. Acous. Soc. Am. POMA,
(Manuscript) (2013).
E. Fisher and B. Rafaely, "Near-field spherical microphone array processing with radial
filtering", IEEE Transactions on Audio, Speech and Language Processing 19 (2), 256-265
(2011).
M. Guazzotti, L. Mazzarella and M. Cairoli, "Musical acoustic analysis: The influence of the
source's directivity on the parameters which describe closed spaces with an intended purpose:
The listening of chamber music and symphonic music", Acta Acustica united with Acustica 89
(SUPP.), S101-S101 (2003).
I. B. Hagai, M. Pollow, M. Vorlander and B. Rafaely, "Acoustic centering of sources measured
by surrounding spherical microphone arrays," J. Acous. Soc. Am. 130 (4), 2003-2015 (2011).
M. Kob and H. Jers, "Directivity measurement of a singer", J. Acous. Soc. Am. 105 (2), 10031003 (1999).
87

J.-L. Le Carrou, Q. Leclere and F. Gautier, "Some characteristics of the concert harps acoustic
radiation", J. Acous. Soc. Am. 127 (5), 3203-3211 (2010).
T. W. Leishman, S. Rollins, H. Smith, "An experimental evaluation of regular polyhedron
loudspeakers as omnidirectional sources of sound", J. Acous. Soc. Am. 120 (3), 1411-1422
(2006).
Timothy W. Leishman, Physics 661 lecture notes, 1-5-19 to 1-5-36, 2013.
J. Meyer, "Acoustic Phenomenon of Old Italian Violins, Zum Klangphaenomen Der
Altitalienischen Geigen", Acustica 51 (1), 1-11 (1982).
J. Meyer, Acoustics and the performance of music. (Frankfurt/Main: Verlag Das
Musikinstrument, 1978).
P. M. Morse, K. U. Ingard, Theoretical Acoustics. (Princeton University Press, Princeton, 1968)
341-346.
W. A. Mozart, Piano Sonata No.16 in C major, Allegro, K.545
M Müller-Trapet, P. Dietrich, M. Vorländer, "Influence of various uncertainty factors on the
results of beam forming measurements", J. Noise Control Eng. 59 (3), 302-310 (2011).
Harry F. Olson, Music Engineering. (McGraw-Hill, Ney York, 1952).
M. Park and B. Rafaely, "Sound-field analysis by plane-wave decomposition using spherical
microphone array", J. Acous. Soc. Am. 118 (5), 3094-3103 (2005).
J. Patynen and T. Lokki, "Directivities of symphony orchestra instruments", Acta Acustica
united with Acustica 96 (1), 138-167 (2010).
J. Patynen, V. Pulkki and T. Lokki, "Anechoic Recording System for Symphony Orchestra",
Acta Acustica united with Acustica 94 (6), 856-865 (2008).
B. Rafaely, "Analysis and design of spherical microphone arrays", IEEE Trans. Speech Audio
Process. 13 (1), 135-143 (2005).
R. San Martin and M. Arana, "Uncertainties caused by source directivity in room-acoustic
investigations", J. Acous. Soc. Am. 123 (6), EL133-EL138 (2008).
J .S. Taylor, An introduction to error analysis, The Study of Uncertainties in Physical
Measurements, (University Science Books, Sausalito, 1997) p 149.
L. M. Wang and C. B. Burroughs, "Acoustic radiation from bowed violins", J. Acous. Soc. Am.
110 (1), 543-555 (2001).
L. M. Wang and M. C. Vigeant, "Evaluations of output from room acoustic computer modeling
and auralization due to different sound source directionalities", Appl. Acous. 69 (12), 1281-1293
(2008).

88

G. Weinreich and E. B. Arnold, "Method for measuring acoustic radiation fields", The J. Acous.
Soc. Am. 68 (2), 404-411 (1980).

89

Index
ADAS ... ii, 1, 4, 8, 12, 13, 14, 19, 22, 41, 44,
58, 61, 62, 75, 85
amplitude.... ii, 1, 3, 4, 22, 32, 37, 40, 41, 43,
45, 46, 48, 50, 51, 58, 65, 68, 79, 83, 85
anechoic ii, 2, 8, 9, 27, 28, 31, 34, 40, 49, 63
balloon plot ii, 19, 27, 34, 35, 36, 37, 38, 67,
69, 74, 81, 82
composite directivity..... ii, 62, 73, 75, 76, 82
directional ............................................. 2, 34
directivity ... ii, 1, 2, 3, 4, 6, 8, 20, 23, 27, 28,
29, 34, 38, 40, 41, 45, 46, 51, 56, 58, 60,
62, 64, 67, 69, 73, 75, 76, 77, 79, 82, 85,
87, 88
Directivity i, ii, 3, 5, 8, 14, 35, 40, 60, 61, 65,
77, 87
Eyring... i, ii, iii, 8, 14, 27, 40, 60, 61, 62, 65,
78, 87
flute ...... ii, iii, 2, 4, 38, 41, 54, 58, 75, 82, 85
FRF .. ii, 4, 20, 44, 45, 46, 47, 48, 50, 53, 55,
56, 57, 65, 66, 68, 74, 82, 85
LabVIEWTM ........................................ 14, 42
LTI ................................................ 44, 58, 65

musician ii, 1, 2, 3, 10, 11, 12, 16, 17, 18, 19,
40, 42, 43, 61, 62, 63, 64, 65, 71, 75, 79,
83, 84
octave ............................................ 50, 69, 71
omnidirectional . 1, 21, 26, 34, 39, 41, 61, 88
partials .... ii, 4, 51, 53, 54, 57, 60, 61, 62, 67,
68, 69, 70, 71, 72, 75, 80, 85
piano . ii, 4, 27, 28, 29, 30, 31, 33, 34, 35, 36,
37, 81, 85
principal axis ....................................... 19, 50
reconstruction ........ 20, 44, 50, 62, 67, 68, 82
reference microphone... ii, 12, 16, 18, 29, 31,
37, 40, 42, 43, 44, 45, 46, 50, 51, 58, 60,
62, 63, 66, 81
reference signal ................................... 46, 75
sphere 2, 4, 17, 20, 22, 23, 24, 25, 27, 29, 30,
34, 42, 64, 67, 68, 74, 81, 82, 85
standard deviation xii, 24, 25, 45, 46, 47, 48,
49, 50, 69
trombone .. ii, 2, 4, 38, 41, 49, 51, 58, 60, 61,
62, 63, 65, 66, 67, 68, 71, 73, 75, 76, 82,
85
violinii, iii, 2, 4, 6, 10, 12, 38, 39, 41, 43, 56,
58, 59, 75, 77, 79, 82, 83, 85, 87

90

